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INTRODUCTION 




Welcome to the 1991 Advanced Linear Circuits Seminar brought to you by Texas Instruments, a 
leading worldwide supplier of Unear amd tatetifee lttepa^ 



Linear Circuits 
Interfacing to the Real Worlds 



SYSTEM 
INFORMATION SOURCES 




Today's linear circuits provide the essential interfacing between real-world systems and their 
controlling logic, microprocessoi, and mkfocomputer systems. 

From the real-world system's information sources, advanced linear circuits provide sensing, signal 
conditioning, conversion, and communications. These signals become the diagnostic feedback to the 
digital control systems. Advanced linear circuits are also used to provide the required drive power 
and control to the real-world systems while interfacing with the digital circuits. 



Linear Control & Interface Seminar 
Introduction 

Data Transmission Data Acquisition 

bileHlgent Povwer Operationai Amplifiers 



In our seminar today, we will discuss the applications of key linear products for the 
digitalvwoiW^to-liaear-wotld intoiface: 

• Operatiorial amplifiers for signal conditioning. 

• Data acquisition for signal conversion between linear and digital systems. 

• Data transmission for communications between systems. 

• Intelligent power for both drive power and system diagnostics. 



Linear Products SBE 



Worldwide 
Intergrated Circuit Market 
(Billions of $) 




Texas Instruments 
A Leading Worldwide Anab^ ^ippiier 

Texas Instruments' ranking, as a World-wide 
supplier of Linear Products, was not even listed 
in the top 25 in the early 1 980*3. 

* Today Texas Instruments erijoyes a position as 
one of ttie "Top 10* ^UppTters^ Linear Products 

World-Wide. 

Our succes has been significantly impacted by 
the growth of our "Advanced Linear Product 
Technologies" and the successes these tech- 
nologies have brought to our customers. 




Hsxas Instruments' Linear ]^Gtducts Strategic Business Entity (SBE) has made significant progress 
over the last few years towards becoming a leading worldwide supplier of lin^ ICs. Not even listed 

in the top 25 suppliers in the early 1980s, Texas Instruments now enjoys being one of the tpp 10 

suppliers of linear products worldwide. 

Our success has been significantly impacted by the growth of our advanced linear product 
technologies and the successes these technologies have brought to our customers. 



Linear Products SBE 




Funding of new product development has grown significantly since the early 1980s and that, coupled 
witb our customer inputs to define new products using the new technologies, has resulted in a growing 
list of new products. These new products use the new advanced linear process techuolopes, which 
provide quality performance and complex function capabilities. 
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Texas Instruments Advanced Linear 
Technology Roadmsp 



I 



From the early 1980s until now, the development of new advanced linear technologies has been 
exciting, to say the least. Improved accuracy, performance, and combined technologies are taking us 
into the 1990s yiritiiintepated circuit capabilities that seem to be limited only by oui imaginations. 
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Advanced Linear 
Op&mSasBd Process Technologies 

l il UB d ten te for Your Succbbs 



Process 
Technology 


Features & Benefits 


Products 


LinEPIC 


1|im CMOS Process for very high 
speeds very lovir power, and very 
complex combinations of analog 
and digital systems 


Flash A/D, Video DAC, Video palette, 
Custom, RS-232 Datran, and 
Communication Controlleis 


Advanced 
LinCMOS 


3nm Linear CMOS technology 
for high speed, low power, and 
multifunction citcuits 


Operational amplifiers, low power 
A/D & D/A converters, analog inter- 
face circuits and Chopper stabilized 
amplifiers 


UnBiCMOS 


2^m analog bipolar and CMOS 
Process for high speed, low power, 
and complex combinations of analog 
and digital system 


LinASIC systems, A/D D/A converters. 
Chopper stabilized amplifiers, switch 
mode power controllers, and RS-232 
interface system 


ALS IMPACT 


High speed bipolar schotiky process for 
low power and peroision applications 


Data line drivers, receivers and 
transo^ers 



J' 



Advanced Linear 
OpHmized Process Technologies 



Ingredients for Your Success 



Process 
Technology 


Features & Benefits 


Products 


Mutti EPI 


Low cost bipolar technology for 
high-current, precision control 


Intelligent power motor drivers, 
solenoid drivers and power 
interfacing 


Power Bidfet 


t-iigh density-low power CMOS, high 
voltage DMOS, and mgged-high 
speed bipolar for complex Intelligent 
power applications 


Rat pannel display drivers, intelligent 
power devices, motor and solenoid 
drivers 


Exoalibur 


Well matched, high voltage enhanced 
JFET and bipolar transistors for high 
speed and ptecislsn signal conditioning 


Precision, high speed and low power 
operational amplifiers comparators 
and spedal analog functions 



The ii^edients for our success can also be the ingredients for your success. 



Tl Wdrldwide Plant Locations 




Another major impact on our ability to support our customers around the world has been the 
development of manufacturing plants and regional tedinol^y centers throughW the U.S., 
South America, Europe, Asia, and Japan. With over 40 plant locations worldwide, TI provides quick 
responses to its customers with the latest in linear technology and performance. 
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1 Introduction 

Data acquisition is the process of transforming analog electrical signals into digital information for 
storage, display, processing, data transmission, or control. A data acquisition system is an electronic system 
used to perform this task and comprises sensors, transducers, signal conditioning, sample-and-hold circuits, 
analog multiplexers, and analog-to-digital converters (ADC). Recovery of a digital signal into analog form 
is sometimes required. The components used to perform this function, such as digital-to-analog converters 
(DAC) an4 filters, are also covered under the heading of data conversion. 
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2 Methods of Conversion 

Applications for data acquisition systems cover a wide range; from weighscales, speech and audio 
processing to instrumentation and video recorders. Each application has its own requirements but two 
common parameters must be considered in all systems. These are bits of resolution and conversion time. 
To meet these diverse needs, different conversion methods are employed. Some are optimized for speed 
of conversion while others are known for their higher resolution. Six common techniques for 
soalog'to-digital (A/D) conversioa are as follows: 

• single slope 

• dual slope 

• successive approximation 

• semi-flash 
•. flash 

• oversampling (delta-sigma) 

Conversion methods for digital-to-analog (D/A) signal recovery also vary with the speed and resolution 
requirements. In the following examples, some of the common conversion techniques will be discussed and 
related to typical applications. 
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DUAL SLOPE ADC PRINCIPLE 
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• Very accurate A/D conversion method - but slow 




Figure 1 - Dual-Slope Principle 




The most simple A/D conversion method is the single-slope technique, which arrives at itis digital output 
by comparing the unknown analog input signal with a ramp voltage. A digital value is obtained by counting 
the number of clock pulses needed to build a ramp from V to the value of the unknown analog input signal. 
The reqwrements for a good single-slope converter are a stable reference voltage, clock, ramp generator, 
and low offset comparator. Integrated implementations are usually low to medium accuracy. This 
technique, however, has a long conversion time. 

Dual-slope conversion is slow but very accurate. The method uses a counter and an fetegrator to convert 
an unknown analog input voltage into a ratio of time periods multiplied by a reference voltage. A first 
integration is over a fixed period of time, Tpjx, and uses an unknown analog voltage, Vjn, as input. At the 
end of the integration period, a peak value proportional to the input voltage is held on the integrator output. 
SI is then switched to position 2 and a second integration period takes place. This uses a reference voltage, 
Vr£p, of opposite polarity, which is used as the input to the integrator whose output ramps down at a rate 
dependent only on the reference value. The resultant value of the first period is integrated down to V in 
a variable time, TyARj proportional to the amplitude of the input signal, Vjj^. 

Putting these two ramps together, using the same clock to count time periods Tpjx and TyAR) 
unknown input voltage Vjisj can be determined from: 



Using the same integrating network cancels errors due to comparator offset, capacitor tolerances, 
long-term counter clock drift, and integrator nonlinearities. ' 

While the conversion speed of a dual-slope converter is slow (milliseconds), high resolution 
(10-16 bits) is possible. Resolution is determined from the ratio of counts in the integration periods. For 
example, 1 in 20,000 counts is equivalent to better than 14 bits of resolution, with the basic error as ±1 count 
plus the reference voltage error. 



V|N = Vref X CVAR / Tpix) 



SUCCESSIVE APPROXIMATION ADC PRINCIPLE 
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Figure 2 - Successive Approiteation 

Successive-approximation ADCs continue to be the most popular type of converters. A wide range of 
devices with resolution from 8 to 16 bits are available with conversion rates from 100 \is to below 1 |j,s. 
Successive comparison of an unknown analog input voltage with binary weighted values of a reference give 
this method its name of "successive approximation". A converter of N-bit resolution takes "N" steps to 
achieve a digital output. 

One input of the comparator, shown in the block diagram, is driven by an unknown input signal, Vlf^J, 
while the output of the DAC drives the other. The successive-approximation register provides the input to 
the DAC and responds to the output from the comparator. 

When the DAC has its MSB set to logic 1 (with all other bits zero) by the successive-approximation 

register (SAR), it will produce a voltage output of 1/2 the reference and analog input full-scale range. The 
comparator then determines if the DAC output is above or below the unknown input signal. If, as shown, 
the input signal Vjn is above the DAC output value, the MSB is retained in the successive-approximation 
register while the next weight of 1/4 the reference is compared. This process continues until all bits are 
tested and the nearest approximation to the input signal is obtained. The result is then passed to the output 
register. 

While the successive-approximation converter process continues, the input signal must be held constant 
using a sample-and-hold circuit in front of the comparator. Alternatively, the signal should, as a rule of 
thumb, vary maximum 1/2 LSB during conversion. This puts a slew-rate or full-scale frequency limitation 
on the signals the converter can handle. 
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Figure 3 - A 10-Bit Successive-Approximation Converter 

More recent successive-approximation converter designs, using switched capacitor networks utilizing 
charge redistribution, are replacing older designs using resistive ladder DACs. This is due to the switched 
capacitor technique's smaller chip area, higher speed, and inherent sample-and-hold function. The Texas 
Instruments Advanced LinCMOS'" technology, with its double polysilicon layers, is an ideal process for 
building well-matched switched capacitor circuits for successive-approximation ADCs. 

A wide range of 8-10-bit LinCMOS successive-approximation ADCs with serial or parallel output and 
input multiplexer options are available from Texas Instruments. The TLC1550/TLC1551 is a 10-bit 
converter with a parallel interface. Features include: 

• low power dissipation (40 mW maximum) 

• parallel interface 

• eternal or internal clpc^ 



• 6-(xs conversion time 

• total unadjusted error: 



TLC1550 
TLC1551 



±0.5 LS® max 
±1 LSB max 



Advanced LinCMOS is a trademark of Texas Instruments Incorporated. 



TLC1 225/1 125 Self Calibrating A toD Converter 
Block Disiirafn 



*IB=0- 



DlgM 
TO O- 



13411 
DAC 



Array 



13 
-/ — 



X 




13-BH 
Successive 
Approximation 
Register 



8-Brt 
Successive 
J^iproximatkin 



8-Word RAIM 



Input 
Data Latches 



Control 
ROM 



Program 
Counter 



* Self-Calibration Eliminates Expensive Trimming At Factory 
And OffsetA^llustonent to'The F^ld 



Figure 4 - A 12-Bit Self-Calibrating ADC 

The TLC1125 is a 12-bit-plus-sign successive-approximation ADC utilizing a self-calibration 
teclinique to eliminate expensive trimming of tiiin-film resistors at the factory. Ad^onally, this tedhnique 
ensures excellent long-term stability, avoiding regular field trimming to maintain conversion accuracy. 

The design uses a switched-capacitor-based charge redistribution technique for the D/A conversion. As 
12-13 bits accuracy of capacitor matching is difficult to achieve, seven capacitors are calibrated during a 
nonconversion, capacitor-calibrate cycle in which all seven of the capacitors are calibrated at the same time. 
The calibration or conversion cycle may be initiated at any time by issuing the proper command v«^ord to 
the data bus. 

TLC1125 self-calibrating ADC features: 

• self-calibration to eliminate expensive trimming 

• V to 5 V unipolar or -5 V to 5 V bipolar ranges 

• 12-|xs conversion time 

• true differential inputs 

• low power ... 85 mW max 
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4.1 Calibration Cycle (Simplified Description) 

4.1.1 Comparator Offset Calibration Steps: 

Step 1: Tlie input Vj^ in shorted to GND to ensure that the comparator input is zero. A coarse offset 
calibration is perfonned by manipulating the offset ^pr using switches and offeet storage capacitors. After 
this action, some of the offset still remains uncalibrated. 

Step 2: An A/D conversion is done on the remaining comparator offset with the 8-bit calibration DAC 
and 8-bit successive-approximation register. The result is stored in the RAM. 

4.1.2 13-Bit DAC Capacitive Ladder Calibration Steps: 

Step 1: The input is internally disconnected from the 13-bit capacitive DAC. 

Step 2: The MSB capacitor is tied to Vj^gp while the rest of the ladder capacitors are tied to GND. The 
ADC conversion result from the comparator offset calibration (Step 2 above) is retrieved from tiie RAM 
and is input to the S^Ant DAC. 

Step 3: Step 1 of the comparator offset calibration sequence is performed. The 8-bit DAC input is 
returned to zero and the remaining comparator offset is then subtracted. Thus, the comparator offset is 
completely corrected. 

Step 4: The MSB capacitor is tied to GND while the rest of the capacitors are tied to Vref- An MSB 

capacitor voltage error on the comparator output will occur if the MSB capacitor does not equal the sum 
of the other capacitors in the capacitive ladder. This error voltage is converted to an 8-bit word and stored 
in the RAM. 

Step 5: The capacitor voltage error for the next most significant capacitor is calibrated by keeping the 
MSB capacitor grounded and then performing the above steps 1-4 while using the next most significant 
capacitor in lieu of the MSB capacitor. The seven most significant capacitors can be calibrated in this 
manner. 

4.2 Conversion Cy^CSim^j^It^ Description) 

Step 1: Step 1 of the comparator offset calibration sequence is performed. The remaining offset obtained 
in Step 2 of the comparator calibration sequence is retrieved from the RAM and is input to the 8-bit DAC. 
Thus, the comparator offset is completely corrected. 

Step 2: The input signal Vifj is sampled onto the 13-bit capacitive ladder. 

Step 3: The 13-bit ADC conversion is performed. As the successive-approximation conversion 

proceeds successively through the seven most significant capacitors, the error for each of these capacitors 
is recovered from the RAM and accumulated in the 8-bit successive-approximation register. This register 
controls the 8-bit DAC, so the total accumulated error for these capacitors is subtracted out during the 
conversion process. 

A conversion takes only 12 ps. A calibration cycle takes four times longer. Calibration is required upon 
power-up to achieve full accuracy. Regular recalibration is recommended to avoid drift. This is particularly 
true in systems where self-heating or environmental temperature changes occur. 
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Figure 5 - Flash Analog-to-Digital Convra^on 

The flash ADC derives its name from its ability to do a very fast conversion. This is accomplished by 
providing a comparator for every quantization level. Hence, an N-bit flash ADC requires .2^-1 
comparators. 

TTiese comparators all examine the input simultaneously and make an immediate conversion. The block 
diagram shows that each comparator has one input connected to the input signal and the other to a tap on 
a reference potential divider. The resultant so-called "thermometer" code is then encoded into binary and 
is output through a latch. This technique provides the fastest means of conversion but requires the use of 
a large portion of the chip area for the comparators and resistor ladder. 

The flash converters presently available cover 4-1 0-bit resolution with sampling rates into the gigahertz 
range. However, the most popular applications are in the video field, where 6-8-bit resolution and 20 
megasamples per second are the standard specifications. 
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TLC0820 Semi-Flash Converter 
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Applications 

• RD/WR Head Positioning On IHaKLDisIt Drivers 

• Low End Video Terminals 

■ Digital Blood Analyzers 

• Teiecom 

■ Motor Control 



Features 

• Fast Bus Disable 

" Fast Timing For DSP Interface 

• Less Expensive TTian Flash 



Figure 6 - Semi-Flash Conversion 

A compromise between speed and chip area is the semiflash method using a two-step flash principle. 
In this case, the most significant bits are coded first and then the remaining bits afterwards. This trades off 
a reduction in speed with a reduction in the number of comparators required and, consequently, the size (and 
cost) of the chip. An example is the LinCMOS 8-bit semiflash ADC, TLC0820, with a conversion rate up 
to approximately 1 megasample per second. 
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figure 7 - CCD Document Scanner 

Document scanners for facsimile transmission (FAX machines) over the public telephone network are 
an expanding market. The scanned image must be digitized in order to transmitted over the telephone 
network. 

This implementation scans the document using a TC103 (2048 x 1) CCD line image sensor controlled 
from a PLA chip via some DS0026 MOS drivers and level shifters. The CCD output video signal data 
stream (typ 500 kHz) is superimposed on a dc voltage and reset between each pixel. A coupling capacitor 
removes the dc and a TL1593 sample-and-hold circuit holds the signal level between pixels, leaving a 
continuous video envelope. The video signal is then amplified to the one-volt peak-to-peak signal required 
by the TL5501 flash ADC. Post-low-pass filtering removes residual clock signals. The video signal is then 
clamped to 3 V by Ql to provide dc restoration and adjust the dc component for the ADC input pin 
ANLG INPUT The digitized video signal appears at a pixel rate of typically 500 kHz on the output of the 
TL5501 ADC. 

TL5501 flash ADC features: 

• 6-bit resolution 

• 1/2-LSB linearity 

• conversion rate up to 20 MSPS (megasamples/second) 

• analog input range ... 1 V typ 

• 5-V single-supply operation 
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Figure 8 - Deltapl^ma (A*^) Conversion 

New analog-to-digital converters utilizing the delta-sigma conversion technique have appeared 
recently. These products are notable not only for their impressive specifications (12-20-bit resolution), but 
also because they provide a stronger link to the digital IC realm and especially to digital signal processing 
(DSP). Because of this digital tie-in, the delta-sigma technique is being touted as the replacement (up to 
a few hundred kilohertz) for nonvideo converters. 

The basic principle is not new, but silicon realizations first started to be cost-competitive with the advent 

of 1-2 Jim technologies due to the huge chip area occupied by the required post-digital filter. Further 
reduction in semiconductor geometries below 1 |xm will make this type of converter even more attractive. 

8.1 Delta-Sigma Structure 

The basic first-order delta-sigma converter contains two major blocks: a closed-loop integrating 
modulator and a digital filter. The modulator as shown consists essentially of a 1-bit DAC, a difference node 
(hence "delta"), an analog integrator (hence "sigma"), and a clocked comparator. Practical converters have 
more stages and are thus called second-order or third-order modulators. 

Input signals are digitized on the comparator output and a bit stream is fed to the digital filter and to the 
1-bit DAC. The output of the DAC that is controlled from a precision reference is summed at the difference 
node with the input signal. The job of the signal from the 1-bit DAC - a train of positive or negative 
constant-width, constant-amplitude pulses - is to keep the charge on the integrating capacitor as close to 
zero as possible. This is accomplished by balancing or nulling the charge. 

A positive voltage applied to the input of the modulator begins to appear as charge on the integrator's 
capacitor and a voltage at its output. The voltage is sensed by the comparator, producing a train of ones at 
its output and a train of pulses of opposite polarity to the integrator input voltage through the 1-bit DAC 
and summing node. When the pulses from the 1 -bit DAC have reduced the charge to zero and begin charging 
it to the opposite polarity, the comparator sees a negative voltage and produces zeros. The more positive 
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the input voltage, the greater ratio of ones to zeros in the output bit stream; the more negative the input, the 
greater the ratio of zeros to ones. If the analog input voltage is zero, an equal nimiber of ones and zeros 

appear in the output. 

To get from the one-bit stream of data coming out of the comparator to a data stream with usable N-bit 
information (for an N-bit converter) requires digital signal processing. The digital filter then decimates the 
sin^e bit stream into words of IjaigthjN bits. 

8.2 The Benefit of Oversampling 

How can a 1-bit ADC give a high S/N ratio? Sampling with a conventional converter at the Nyquist rate 
places all the quantization noise within the band of interest. Oversampling spreads the quantization noise 
over a much wider bandwidth, reducing the level of noise in the band of interest. Delta-sigma oversampling 
further reduces the noise in the bandwidth of interest with the noise shaping of the integrator loop. However, 
a sharp roll-off digital post-filter is required to replace the analog anti-aliasing input filter required for 
successive-approximation converter types. Delta-sigma converters require only a simple RC filter on the 
input for anti-aliasing due to a high ratio between the sampling frequency and the maximum frequency of 
interest. 

Although delta-sigma converters are easier to integrate onto digital processes than conventional 
successive-approximation inverters that require an anti-aliasing filter, good linear processes are still 
required for optimum performance of the modulator portion. This design is associated with the usual analog 
design requirements, including high performance op amps and comparators, matched and 
volt^e-insensitive capacitors used for switched-capacitor realization of the integrators, and, finally, a 
predsion reference. 

Areas in which the oversampling technique seems especially attractive are speech processing in telecom, 
audio processing, and metering applications. 
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3 Data Sheet Definitions 



This section addresses the way the specifications for a data converter are defined on a manufacturer's 
data sheet. It covers the sources of error that change the characteristics of the device from an ideal function 
to reality. 



IDEAL TRANSFER FUNCTION 
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Figure 9 - The Ideal Transfer Function 

9.1 Analog-to-Digital Converter (ADC) 

An ideal ADC uniquely represents all analog inputs within a certain range by a limited number of digital 
output codes. The diagram shows that each digital code represents a fi^action of the total analog input range. 
Since the analog scale is continuous while digital codes are discrete, there is a quantization process that 
introduces an error. As the number of discrete codes increases, the corresponding step width gets smaller 
and the transfer ftinction approaches an ideal straight line. The steps are designed to have transitions such 
that the midpoint of each step corresponds to ftie point on this ideal line. 

The width of one step is defined as one LSB (one Least-Significant Bit) and this is often used as the 
reference unit for other quantities in the specification. It is also a measure of the resolution of the converter 
since it defines how many portions the full analog range is divided into. Hence, 1/2 LSB represents an 
analog quantity equal to one half of the analog resolution. 

The resolution of an ADC is usually expressed as the nttiA@r of/bil^.in its digital output code. For 
example, an ADC with an n-bit resolution has 2" possible digital codes that define 2" step levels. However, 
since the first (zero) step and the last step have only half the full width, the full-scale range (FSR) is divided 
into Z"*-! step widths. Hence, 

1 LSB = FSR/(2n - 1) for an n-bit converter 
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9J2 Digital-to-Analog Converter (DAC) 

A DAC represents a limited number of discrete digital input codes by a corresponding number of 
discrete analog output values. Therefore, the transfer function of the DAC is a series of discrete points. For 
a DAC, 1 LSB corresponds to the height of a step between successive analog outputs, with the value defined 

in the same way as for the ADC. A DAC can be thought of as a digitally controlled potentiometer whose 
output is a fraction of the full-scale analog voltage determined by the digital input code. 

9.3 Sources of Static Errors 

Static errors, that is, those errors that affect the accuracy of the converter when it is converting static (dc) 
signals, can be completely described by just four terms. These are offset error, gain error, integral 
nonlinearity, and differential nonlinear ity. Each can be expressed in LSB units or sometimes as a percentage 
of the FSR. For example, an error of 1/2 LSB for an 8-bit converter corresponds to 0.2% FSR. 
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Figure 10 - Offset Error 

The offset error is defined as the difference between the nominal and actual offset points as shown. For 
an ADC, the offset point is the midstep value when the digital output is zero, and for a DAC it is the step 

value when the digital input is zero. This error affects all codes by the same amount and can usually be 
compensated for by a trimming process. If trimming is not possible, this error is referred to as the zero-scale 
error. 
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SOURCES OF ERROR: GAIN ERROR 
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Figure 11 - Gain Enror 

The gain error is defined as the difference between the nominal and actual gain points on the transfer 
function after the offset error has been corrected to zero. For an ADC, the gain point is the midstep value 
when the digital output is full-scale, and for a DAC it is the step value when the digital input is full-scale. 
This error represents a difference in the slope of the actual and ideal transfer functions and, as such, 
corresponds to the same peicentage error io each step. Uiis error can also usually be adjusted to zero by 
trimming. 
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SOURCES OF ERROR: DIFFERENTIAL LINEARITY 




Figure 12 - DiCEereatial NoDlinearity (DNL) 



The differential nonlinearity error is the difference between an actual step width (for an ADC) or step 
height (for a DAC) and the ideal value of 1 LSB. Therefore, if the step width or height is exactly 1 LSB, 
then the differential nonlinearity is zero. If the DNL exceeds 1 LSB, there is a possibility that the converter 
may become nonmonotonic. This means that the magnitude of the output gets smaller for an increase in 
the magnitude of the input. In an ADC, there is also a possibility thsrt there will be inlssing codes, i.e., one 
or more of the possible 2" binary codes are never output. 
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SOURCES OF ERROR: INTEGRAL LINEARITY 
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Figure 13 - Integral Nonlinearity (INL) ^ 

The integral nonlinearity error (sometimes seen as simply linearity error) is the deviation of the values 
on the actual transfer function from a straight line. This straight line can be either a "best straight line" that 
is drawn so as to minimize these deviations, or it can be a line drawn between the end points of the transfer 
function once the gain and offset errors have been nullified. The second method is called end-point linearity 
and is the usual definition adopted since it can be verified more directly. 

For an ADC, the deviations are measured at the transitions from one step to the next, and for the DAC 
they are measured at each step. The name integral nonlinearity derives from the fact that the summation 
of the differential nonlinearities ftoiu the bettoia af to a particular step detemines the value of the integral 
nonlinearity at that step. 
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Figure 14 - Absolute Accuracy Error - 

The absolute accuracy error or total error of an ADC is the maximum value of the difference between 
an analog value and the ideal midstep value within any step. For a DAC it is the difference between the step 
value and the ideal step value. It includes the effects of offset, gain, and integral linearity errors and also 
the quantization error in the Case of aii ADC. 

Specifications for Flash Converters 

The arrival of flash converters has made it possible to use digital processing in applications that were 

previously entirely analog; digital television is a prime example. However, with the introduction of these 
devices came the introduction of new specifications to define their performance. This section defines some 
of these. 
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BANOWIOTH AND SIGNAL TO NOISE RATIO 
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Figure 15 - Bandwidth 

The bandwidth of a high-speed ADC is defined as the frequency of the analog input signal whose output 

amplitude is 3 dB down when the converter is operating at its maximum conversion rate. This can be 
measured either by reconstructing the output using a reference DAC or else by performing an FFT (fast 
Fourier transform) on the Output and ocwparing the spectrum with the fundamental. 

Another factor that limits the bandwidth is the possibility of spurious "speckle" or missing codes. These 
are caused by the different propagation delays through the comparators measuring the input signal. As the 
slew rate of the input inaeases, there is an increased possibility of errors at the point where the comparators 
dtoage from high to low. Instead of a bank of comparators all reading "1" up to a point and then the rest 
reading "0", a so-called "bubble" can occur when a "0" is found between two "l"s. When this is decoded, 
it is an unrecognized code that often is translated to full-scale or zero, producing a spurious code at the 
output. In some converters, this occurs before the 3-dB bandwidth as defined above. Many flash converters 
make use of a Gray code in the decoding process to help reduce this effect. The Gray code has the advantage 
that consecutive codes differ by only one bit change (compared to natural binary where all the bits change 
at the midscale) so that this error can be minimized. 

15.1 Signal-to-Noise Ratio and Effective Bits 

For a full-scale sine-wave input, the theoretical SNR for an n-bit converter is given by 

SNR = 6.02n+ 1.76 dB 

(This will be derived later on - see the section entitled Quantization). 

TTie normal way of measuring the SNR for a flash converter is to digitize a full-scale sine wave and then 

perform an FFT on the output. The rms power of the fundamental is then compared to the noise floor by 
inserting a notch filter at the input frequency so that the output is purely due to the effects of noise. The ratio 
of the two is taken to give a direct measurement of the SNR. This measurement can then be used to 



determine the number of effective bits of accuracy the converter displays at that frequency. For example, 
a nominal 8-bit resolution ADC may be specified as having 45 dB SNR at a particular input frequency. The 
number of effective bits is defined as 

Neff = (SNR - 1.76)/6.02 = 43.24/6.02 = 7.2 bits 
The actual performance of the device is therefore worse than its nominal spec at this frequency. 



APERTURE ERROR 




Figure 16 - Aperture Enor 

Aperture error is caused by the fact that while in theory a sample can be taken instantaneously, in practice 
it takes a finite length of time. Therefore, during the time the sample clock initiates a sample to the time 
when the sampie-and-hold circuit on the input has acquired it, the input signal has changed. To a first-order 
approximation', if the input varies linearly with a sltfpe dV/dt, then the aperture error can be expressed as 

EA = TAdV/dt . , 

Where T^ is the aperture time. The actual value of the input acquired will be the average value of the 
input during T^. The time between-the leading edge of the sample clock and the moment at which the input 
reaches this average value is called the aperture delay. The importance of this parameter is that it allows 
a designer to determine the relationship needed between the docik and the wput signal to sample at a 
particular point on the input. 

For an ideal case, the effect of the aperture error would be zero since the delay and the aperture time 
would be constant and, hence, the actual value acquired would always be correct. In practice, however, true 
errors are caused by variations in the delay due to aperture jitter. 

The effect of the aperture error is to set another limitation on the maximum frequency of the input sine 
wave because it defines the maximum slew rate of that signal. For a sine wave input as shown, the value 
of the input V is defined as 

V = Vq sin (2jift) 



1-23 



The maximum slew rate occars at the zero crossing point and is given by 

dV/dtMAxl = 2jrfVo (1) 

If the aperture error is not to affect the accuracy of the convefter, it must be less than 1/2 LSB at the point 
of maximum slew rate. For an n-bit converter, therefore, 

Ea = tA dV/dt = 1/2 LSB = 2 Vq / 2n+l 

Substituting (1) into this gives 

2 Vo/2n+l = 2jifVotA 
and the maximum frequency is given by 

fMAX=l/(tA^2n+l) 
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Figure 17 - Differential Phase and Gain 

Differential gain is defined as "the percentage difference between the output amplitude of a small 
high-frequency sine wave at two stated levels of a low-frequency signal on which it is superimposed". 
Differential phase is similarly defined for the output phase difference, in degrees, of the two signals. These 
definitions are of direct relevance in video applications. A color signal is represented by a small amplitude, 
high-frequency chrominance signal that determines the color saturation and a lower-frequency luminance 
signal that determines the brightness and onto which the chrominance signal is superimposed. For 
distortion-free processing, it is important that neither the amplitude or phase of the chrominance is affected 
by the value of the luminance signal. 

. Measurements of DG and DP are made using the setup shown and a standard video test signal (NTSC 
xamp). This can be either a staircase as shown or a continuous ramp. In each case, the device being tested 
(ADC or DAC) is used in conjunction with a reference device whose DP and DG are already known. The 
vectorscope makes a direct measurement of the DP and DG, but the trace is unclear because of the 
quantizing effects of the DAC. Hence, the measurement is made from the center of the trace as shown. 
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4 Designing With Data Converters 

This section considers some of the aspects of designing with data conversion products. In each case, the 
background theory is presented along with examples of how it can be applied to real designs. A < 
example is presented to conclude the section. 
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Figure 18 - Data Acquisition Systems 

As for any system, a system to acquire data is made up of some key elements supported by secondary 
functions. The contribution made by each component to the performance of the system must be examined 
separately if the performance of the whole is to meet its design goals. 



The diagram shows the two basic elements that subdivide the system and convert the real-world signals 
into the digital data for the processor. These are the input/output stage and the conversion stage. 

18.1 Input/Output Stage 

The input/output stage to the system consists of an analog processing function. This can vary from simple 
ac coupling to remove large dc offsets up to extensive frequency wave shaping to improve the dynamic 
range of the system. Normally this analog processing is done with individual op amps configured to give 
the required frequency response. Since any signal must pass through the I/O stage to reach the conversion 
section, it is important to recognize that any noise or distortion introduced will become p[art of the signal 
that is converted. Hence, the choice of components for the I/O stage is crucial to the satisfactory 
performance of the system as a whole. 

The concept of bits of accuracy of an op amp (as detailed in the signal conditioning section) is a useful 
one in this context. Using an op amp that has the same bits of accuracy as the number of bits in the converter 
will introduce a 3 dB loss in the SNR of the system. It is hence ^^portant to use low-noise op amps with 
high input impedance for the input stage. 

The trend to increased system integration means that this filtering is increasingly being carried out using 
integrated circuits that employ a switched capacitor technique. The benefits of switched capacitor filters 
in certain applications are numerous. They are easily programmed to give a certain response and track 
accurately because of good capacitor matching on chip. They also provide a compact solution to filter 
design since large capacitors and inductors are not needed and small values in the range 5 to 20 pF are 
iSufficient. 

In summary, the design of the I/O stage is vital to the overall system. The techniques required have 
already been addressed in the signal conditioning section and so will not be considered further here. 

18^ Conversion Stage 

The next part of the system is the true data acquisition area that includes the ADC and the DAC. The 
choice is made here in terai^of both resolution and accuracy and the method of conversion required as 

outlined earlier. 

The nature of the quantization process introduces distortion of the input signal and the effect of sampling 
produces the phenomenon called aliasing. Quantization and aliasing are the next topics we will consider. 
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FINITE RESOLUTION QUANTISATION 
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Figure 19 - Quantization Effects 

It is clearly apparent that the real-world analog input to an ADC is a continuous signal with an infinite 
number of possible states, whereas the digital output is by its nature a discrete function with a number of 
different states determined by the resolution of the device. It follows from this that in converting from one 
form to the other, certain parts of the analog signal that were represented by a different voltage on the input 
are represented by the same digital code at the output. Some information has been lost and distortion has 
been introduced into the signal. This is quantization noise. 

If we take an ideal staircase transfer function of the ADC, the error between the actual input and its digital 
form will have a uniform probability density function if the input signal is assumed to be random. It can 
vary in the range ±1/2 LSB or ±q/2, where q is the width of a step. 



which gives E2(e) = q2/12. 

The total mean square error, N-^, over the whole conversion area will be the sum of each quantization 
level's mean square multiplied by its associated probability. Assuming the converter is ideal, the width of 
each code step is identical and, therefore, has an equal probability. Hence, for the ideal case. 



P(e) = 1/q (-q/2 s e s q/2) 

p(e) = (otherwise) 




N2 = q2/12 

Considering a sine wave input F(t) of amplitude A such that 

F(t) = Asin(<Bt) 
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which has a mean square value ofF^(t), where 




I sin^ (cut) d cot = — 




which is the signal power. Therefore, the signal-to-noise ratio (SNR) is given by 

SNR (dB) = 10 log [(A2/2) / (q2/12)] 



But 



q = 1 LSB = 2A/2n = A/21-1 



Substituting for q gives 



SNR = 10 log [(A2/2) / (A2/3 x 2")] = 10 log (3 x 2"-!) 
= 6.02n + 1.76 dB 



This gives the ideal value for an n-bit converter and shows that each extra bit of resolution provides 
a{qm}xiQiately 6 dB impiovement in the SNR. 

In practice, the errors mentioned in Section 2 will introduce nonlinearities that lead to a reduction of this 
value. The limit of a 1/2 LSB linearity error is a missing code condition that is equivalent to a reduction 
of one bit of resolution and,hence, a reduction of 6 dB in the SNR. This then gives a worst-case value of 
SNR for an n-bit converter with 1/2 LSB Bnearity error: 



Hence, we have established the boundary conditions for the choice of the resolution of the converter 
based upon a desired level of SNR. 



SNR (worst-case) = 6.02n + 1.76-6 
= 6.02n - 4.24 dB 
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Figure 20 - Ideal Samiriing 



In converting a continuous time signal into a discrete digital representation, the process of sampling is 
a fundamental requirement. In an ideal case, sampling takes the form of a pulse train of impulses that are 
infinitesimally narrow yet have unit area. The time between each impulse is called the sampling rate. The 
input signal, too, is idealized by being truly bandlimited, containing no components in its spectrum above 
a certain value. 

The ideal sampling condition is shown here, represented in both the frequency and time domains. The 
effect of sampling in the time domain is to produce an amplitude-modulated train of impulses representing 
the value of the input signal at the instant of sampling. In the frequency domain, the spectrum of the pulse 
train is a series of discrete frequencies at multiples of the sampling rate. Sampling convolves the spectrum 
of the input signal with that of the pulse train to produce the combined spectrum shown; the double 
sidebands around each discrete frequency are produced by the amplitude modulation. In effect, some of the 
higher frequencies are "folded back" so that they produce interference at lower ones. This interference 
causes distortion that is called aliasing. 

If we assume the input signal is bandlimited to a frequency f j and is sampled at frequency fg, it is clear 
from the diagram that the overlap (and, hence, aliasing) will not occur if 

f^ < fg - f^ so that 2fi < fj 

Therefore, if sampling is done at a frequency at least twice as great as the maximum frequency of the 
input signal, no aliasing will occur and all the signal information can be extracted. This isNyquisti theorem, 
and it provides the basic criterion for the selection of the sampling rate required by the converter to process 
an input signal of a given bandwidth. 
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F^ure 21 - Sampliiig 

The concept of an impulse is a useful one to simplify the analysis of sampling. However, it is a theoretical 
ideal tkat can be approached but never reached in practice. Instead, the real signal will be a series of square 
waves of period equaling the reciprocal of the sampling frequency. The sample is acquired over a period 
t that is normally much smaller than the period T. The result of sampling with this pulse train is a series of 
amplitude-modulated pulses. 

Examining the spectrum of the square wave pulse train shows a series of discrete frequencies as with 
the impulse train, but the amplitude of these frequencies is modified by an envelope that is defined by 
sin(x)/x (sometimes written sinc(x)), where x in this case is irfg. For a square wave of amplitude A, the 
envelope of the spectTHm is defitiei* as 

Envelope = Ax/T [sin (jrf § x)] / Jtfg x 

This effect further aggravaftes tfaeproblem of aliasing. It is minimized by ensuring that the sampling time 
is small in comparison with the sampling rate T. It is also much more pronounced for DACs due to the fact 
that, with a DAC, the power output of the code widths is transferred to the output of the system. For 
maximum power in the signal out, zero-order-hold DACs are used so that the pulse width normally lasts 
the whole sampled period. The error resulting from this can be controlled with a filter that compensates for 
the sinc(x) envelope. This can be implemented as a digital filter, in a DSP, or using conventional analog 
techniques. The TLC32044 analog interface circuit featured in Section 4 has an on-chip sinc(x) correction 
filter after its DAC output for this purpose. 
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Figure 22 - AC Effects and Aliasing Ctmsiderations 

No signal is truly deterministic, having infinite bandwidth in practice. However, the energy of 
higher-frequency components gets increasingly smaller so that, at a certain valne, it can be considered to 
be irrelevant. This value is a choice that must be made by the system designer. 

As we have seen, the amount of aliasing will be affected by the sampling frequency and by the relevant 
bandwidth of the input signal, filtered as required. The factor that determines how much aliasing can be 
tolerated is ultimately the resolution of the system. If the system has low resolution, then the noise floor 
is already relatively high and aliasing may not have a significant effect. However, with a high-resolution 
system, aliasing may increase the noise floor considerably and, therefore, needs to be controlled more 
completely. 

The sampling rate is the easiest way to prevent aliasing as we have seen. However, there will be a limit 
on what frequency this can be, determined by the type of converter used and possibly by the maximum clock 
rate of the digital processor receiving and transmitting the data. Therefore, to reduce the effects of aliasing 
to within acceptable levels, analog filters must be used to alter the input signal's spectrum. 

22.1 Choice of Filter 

Just as we have already seen with sampling, there is an ideal solution to the choice of filter and a practical 
realization that has to make compromises. The ideal filter is a so-called brick wall filter that introduces no 
attenuation in the pass band and then cuts down instantly to infinite attenuation in the stop band. In practice, 
this is approximated by a filter that introduces some attenuation in the pass band, has a finite roUoff, and 
passes some frequencies in the stop band. It may also introduce phase distortion as well as amplitude 
distortion. The choice of the filter order and type must be decided upon so as to best meet the requirements 
of the system. « 
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Figure 23 - Grouoding Techniques / • 

One more area that needs careful consideration is the system of grounding used. It must be remembered 
that every wire or track m a PCB basil ^all but finite s^es resistance and inductance plus some equivalent 
shunt capacitance. 

In a mixed analog and digital system, it is likely that the digital processor and associated logic will draw 
the majority of the current. If the return paths for the digital and analog portions are linked into the same 
ground rail, the large do current may cause significant IR voltage drops so that the voltage at the various 
ground points is different. In a high-resolution converter such as the 10-bit TLC1540, 1/2 LSB at a 5-V 
reference corresponds to only 2.5 mV, which can easily be exceeded. 

Linking the digital and analog grounds together also introduces the possibility of current spikes from 
the high-speed switching feeding through to the analog ground. It is therefore recommended as a minimum 
that the analog and digital grounds should be kept separate and should be terminated at the ground of the 
power supply unit (PSU). Even better is to provide separate return paths for all currents tied together only 
at a single analog ground reference point. However, this causes a potential hazard in that the level of the 
analog and digital grounds at the ADC may be different. This creates the potential situation whereby the 
internal diodes may become forward-biased and, hence, cause damage to the device. To prevent this, the 
analog and digital grounds at the ADC should be tied together using "back to back" diodes. This creates 
a maximum differentitl of 1 Vjje drop between the rails, or 0.4 V if Schottky diodes are used. 
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DATA ACQUISITION DESIGN EXAMFil 1 
SPECIFICATION 

DESIGN SPECIFICATIONS DESIGN OBJECTIVES 

1. Maximum dynamic range } 52dB — » 1. Determine number of bits 
with sinusoidal Inputs 

2. Alias error < 3dB — » 2. Determine sample rate 
decades dynamic range by < 3dB 

3. Aperture error < 0.1% * 3. Determine sample aixl 
error due to sampling time conversion time 
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Figure 24 - Design Example 1: Specification 

We have now established some of the parameters that need to be considered when designing a data 
conversion system. There now follows an example to show how these are brought together in the choice 
of a suitable conversion device for a particular application. The exact requirements will obviously vary, but 
in general terms these requirements will be signal-to-noise ratio (dynamic range), maximum aliasing error 
allowed, linearity error, and apeituit eirfDr. 

The spectrum of the input signal should also be defined and, if n&cessary, it may require an antialiasing 
filter to limit the input bandwidth. In this example it has been assumed that a fourth-order Butterworth 
antialiasing filter has been placed before the ADC. This has therefore defined the spectrum of the input 
signal. . , : 

ITie following example specification is used to determine a Suitable ADC fer ^ systieiB: 

24.1 Example Specification 

• Dynamic range > 52 dB This will dfetermind ^e resolution of the 
(within the frequency of interest) ADC 

• Alias error < 3 dB above quantization This will determine the sampling rate 
noise 

• Aperture error < 0.1% of max rms This will determine the conversion time or 
input signal the sampling rate 
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DATA ACQUISITION DESIGN EXAMPLE 2: 
RESOLUTION AND SAMPLE RATE 



1. BITS OF RESOLUTION 

Dynamic range of n Bit converter = 6.02Vi + 1.76 dB 

(Ideal Converter For Sinewaves) 

Worst case 1/2 Bit ADC degrades this to 6.02n - 4.24 dB 
@ IKHz amplitude degraded by 3dB 
Hence 52 dB < 6.02n - 4.24 - 3.01 dB 4 n«10 BITS 



2. SAMPLE RATE 

Alining should d^iade dynamic range by < 3dB 

BtfMrwofth / (LS^ Here Fc = 1kHz, n=4 
Roll Off " V + Vfc''/ and F = Fs-2 



2 B 1/1 

jj^(l + (p^))>/ 55dB— ►•fs-2 r«ly^ = SkHz 



7kH2 



UJSiM^^ ^^^^ 




Fi^re 25 - Design Example 2: Resolution and Speed 
25.1 How Many Bits? 

The first decision to be made is on the resolution of the ADC to be used. The dynamic range of the ADC 
is the basis for this, but assumptions need to be made on the input signal applied. Assuming a sinusoidal 
input signal equal to the maximum reference range, the signal-to-quantization noise ratio is 6.02n + 1 .76 dB 
for a perfect ADC. However, we saw in the section on quantization effects that 

SNE (worst-case) = 6.02n + 1.76-6 
= 6.02n - 4.24 dB 

allowing for nonlinearity of 1/2 LSB. At 1 kHz, the low-pass filter has introduced an attenuation of 3 dB 
so that, for a dynamic range of 52 dB, the signal quantization ratio should be better than 55 dB for up to 
1 kHz. TherefoQe,.takmg |twoi^^^ for the ADC, the number of bits is given by 

n = (55 + 4.24) / 6.02 = 9.8 bits 

Therefore, a 10-bit ADC with| 1/2 bit linearity enor will meet the dynamic ran^e specification. 

252 How Fast? 

The spectral content of the input signal has been determined by the Butterworth filter and the 
requirement of the specification is for the aliased signal feedback to be less than 3 dB above the quantization 
noise level. Assuming that the quantization noise is flatly spread over the whole sampling frequency and 
is uncorrelated, the total noise due to aliasing and quantization is the sum of each individual power 
associated with them. Hence, the power of the aliased noise should be equal or less than that of the signal 
to introduce no more than 3 dB error. At 1 kHz, the signal power is down 3 dB from its do level; therefore, 
the aliased power fed back should be less than 55 dB. 

For the Butterworth filter, 

attenuation (A) = [1 + (^fc)^"] 



In this example, the cutoff frequency fc = 1 kHz and the order of the filter is 4. Substituting in (2) gives 
f = 5 kHz for A = 55 dB. Assuming the maximum signal frequency of interest is 2 kHz, this value occurs 
at fj - 5 kHz, which is to be equal to 2 kHz. Therefore, the minimum sampling frequency is given by 

fs - 5 kHz = 2 kHz f s = 7 kHz 



DATA ACQUISITION DESIGN EXAMPLE 3 

3. APERTURE ERROR 

Error Should be Less Than 
0:t% of VIn Max 

Aperture Error = ( 1 - "^^^f^ ) x 100% Ampiiaxte 
Where t — Sample Window period 
0.999-fr-i 

So @ F = Fc, r= 25|i,s M 
Device with 10 BIT Resolution, 1/2 LSB Linearity Error 
> 7kHz Sample Rate 
< 25)15 Sample Window 

Is TheTLOMOCN 



Figure 26 - Design Example 3: Aperture Time 

The third system specification is the aperture time error, which is related to the length of the sampling 
period and, hence, to the conversion time of the ADC. 

We have already seen how real sampling with square pulses modulates the spectrum of the input signal 
with a sinc(jn;f) envelope, and ^t this effect gets worse as tiie val^ c^t/T incr^tses: Hie error introduced 
by this factor is given by 

Aperture error = [1 - sin (n; f x) / (n f x)] x 100% 

which in this example is required to be less than 0.1%. This can be approximated using a series for sin(x) 
to give 

ft = 1/40 

which means that for this error a 1 kHz, a sampling window of 25 (xs is needed. 
In summary, we require an ADC with the following specification: 

• Resolution: 10 bits (at 1/2-LSB linearity) 

• Conversion rate: 7 kHz 

• Aperture (sample) time: 25 us 

The TLC1540 10-bit successive-approximation ADC meets this specification. 
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Figure 27 - The TLC1540 10-Bit Successive-Approximation ADC 

The TLC1540 is a successive-approximation filter with 11 inputs and a serial output. This makes the 
interface to a TMS320C25 DSP with its serial input and output ports simple. The only external logic that 
is required is to generate the clodc and timing signals and delays for conect conversion. In the diagram here 
it is shown operating in a mode wiffifte system clock and I/O clock fled together. Feattifes of the TLC1540 
include: 

• Full 10-bit resolution A/D converter 



Sample time . . . 
Conversion time 
Sample cate ., . . 
Low power ... 6 mW 



5.5 |is typ 
. . . 21 (is typ 
32 kHz 



This circuit uses synchronous counters to provide the I/O and SYS CLK signals for the TLC1540. With 
a 40-MHz crystal driving the DSP clock, the HC163 divides the CLKOUT output by 8 to produce a clock 
signal at 625 kHz, within the range of the TLC1540. The FSX pin of the TMS320C25 is used to produce 
the chip select (CS) signal, which is linked to the CLK signals by the second HC163 synchronous counter. 
This is configured to give a pulse 12 CLKs wide, allowing time to clock in the next address and to clock 
out the data from the^evious conversion while CS is held low. 

lb provide noise immunity, the TLC1540 waits for two clock cycles after CS is taken low before 
accepting or ou^ttiag data. The most-significant bit (MSB) of the previous conversion is then placed on 
the data bus and the 10 bits are clocked out sequentially. At the same time, the address data is clocked in. 
The TMS320C25 uses 16-bit words, and so a 16-bit data stream is clocked out of the DX pin by the CLK 
signal into CLKR after the FSX handshake line has gone low. Since FSX is synchronized with the CS signal 
and, as we have seen, the TLC1540 waits for two clock cycles after a change in CS, the address data must 
be placed in bits 3-6 of the data word as shown (A3 . . . AO). This four-bit address then selects the input 
channel required. 



After the address is clocked in, the input signal is sampled via the selected channel during the next six 

clock cycles. At the end of this time, the result of the previous conversion has been clocked out. As CS goes 
high, the data out line goes into a high-impedance condition and the conversion process begins. Like most 
switched capacitor successive-approximation converters, the TLC1540 has an inherent sample-and-hold 
function. During the sample phase, the internal capacitors are charged to the input voltage. Hence, this 

voltage is automatically held when conversion commences. 

A further 44 clock cycles are required to complete conversion so that 56 clock cycles in total are needed 
for a complete access and conversioai cycle. At 62S kHz, this C(»r^poBds to a total time of 90 \is and a 
sample rate ot 11 kHz. The sample time is approximately-lO \is in this example. 

This concludes the section on design considerations with an example of an interface to a DSP. The 
importance of this am is such that the next section is devoted exclusively to it. 



Analogue Interface Circuits for DSP 
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5 Analog Interface Circuits for DSP Applications 

This section looks at the growing area of applications using digital signal processors (DSP) as the 
intelligence in process control. These applications clearly require an interface between the digital and 
real-world analog signals. Texas Instruments has a number of device designed to perform this task and 
these devices will be examined in the next Figures. 
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Figure 28 - DSP in Process Control 

The use of a microcontroller or DSP as the core of a control system is a continuously growing field. As 
the cost of digital processing reduces, it becomes increasingly attractive for an increasing number of 
applications ranging from high-speed digital processing for radar down to the control systems for white 
goods. To implement such applications, data conversion devices are required to capture data in its analog 
form and convert it to binary digits and then to take the digital control outputs and convert them back to 
an analog signal to influence the process. 

Such systems have requirements that impose conditions on the performance of the ADC and DAC. First, 
the ability to capture data and make decisions in real time dictates a certain minimum speed requirement. 
Second, the precision of control is decided by the resolution of the converters. Finally, the accuracy of 
control is directly dependent on their accuracy. These three parameters are the basis of any choice of 
converter for this type of application. 
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Figure 29 - TLC7S24, TLC7528, and TLC7628 Multiplying DACs 



Many microprocessors operate with instruction cycle times that are too fast for direct interface to data 
converters. This necessitates the use of buffer logic with increased costs in devices required and in board 
area used. The TMS320C25 with a 10 MIPS rate (100 ns instruction cycle time) is one such example of 
this. The TLC7524 DAC provides a solution to this problem with a settling time to 1/2 LSB of just ICQ ns. 
It can also be operated from a single 5-V supply with a power dissipation of only S mW. 

The TLC7524 is a multiplying DAC fabricated in CMOS technology. The term "multiplying" comes 

from the fact that the value of the output is proportional to the input reference voltage multiplied by a 
fraction of the full scale represented by the input digital code. It uses an inverted R-2R ladder to steer current 
from the reference input to the output via switches controlled by the digital input bits. Tliis current output 
is changed to a voltage by an external op amp configured as a sumnung amplifier. Howevej^ this inverts 

the signal, so this mode of operation requires a dual supply. 

Also available in this family of devices are the TLC7528 dual DAC and the TLC7628, which is intended 
for applications running from a 15-V supply but still requiring TTL-level digital signals. Both feature 
excellent DAC-to-DAC matching so that they track together precisely. 
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TLC7524 - Voltage Mode Operation With TI\/IS320C25 
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Figure 30 - TLC7524 - Voltage-Mode Operation With DSP 

Single-supply operation can be achieved by operating in voltage mode as shown here. In this 

configuration, the reference voltage is applied to the output pin OUTl and the output is taken from the usual 
input pin Vj^gp. In this mode of operation, the output is a voltage with the same polarity as the input so that 
single-supply operation is possible. 

The features of the TX,C7524 are as follows: 

• Settling tittie to 1/2 LSB . . . .100 ns max 

• 8-bit resolution 

• Linearity error 1/2 LSB 

• Single-rail 5-V to 15-V supply 

• Low power consumption ... 5 mW max at 5 V 

• Guaranteed voltage-mode operation 

There are some comments to be made about voltage-mode operation. First, the impedance seen by the 
input voltage is not constant but varies depending upon the input code. Therefore, it is sometimes necessary 
to buffer the input with a voltage follower. In this case, the output impedance of the LT1009 is less than 1 Q 
so that it is not overloaded even under worst-case conditions when the input impedance is 5 k£2. The LT1009 
is chosen here for its high precision and low drift. Its initial tolerance is ±5 mV at 25°C on a nominal 
reference of 2.5 V, which is equivalent to 1/2 LSB. 



The second comment concerning voltage-mode operation is that the switches in the DAC no longer have 
the same source-drain voltages, and as a result their on^-state resistance is altered. This degrades the linearity 
of the part from the 1/2 LSB normally specified. Nevertheless, the device is guaranteed to meet 1 LSB 
linearity for an input of 2.5 V at 5 V Vpp. 

The output is buffered and amplified by the TLC277 op amp, which is chosen for its offset voltage of 
just 500 [iV max. The resistor chain provides sufficient gain to boost the output swing to V to 3 V. 



TLC3204X Series Voiceband AlCs 
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Figure 31 - The TLC3204X Family of Analog Interface Circuits (AIC) 

One of the largestusers of DSP-based applications is in the telecom segment of the market. This segment 
has clearly-defined limits for the frequency of operation, with the audio bandwidth of up to 4 kHz being 

the usual range of interest for the analog signals. 

To address the needs of this market, Texas Instruments developed the TLC3204X family of devices to 
provide the complete analog interface for DSP in a single chip. All five members of the family are highly 
integrated with A/D, D/A, pre- and postfilter stages and an input/output stage on chip. They have been 
developed mainly for high-performance voiceband system applications that require high resolution, a high 
degree of programmability, aad an integrated design that eonserves board space. 

32.1 AIC BuiMiBg Blocks 

The AIC is divided into a transmit and a receive section that are controlled from a central timing block. 
On the receive side, an analog signal is fed into either a main or auxiliary fully differential input selected 
by a multiplexer. The input stages have programmable gain so that the signal level can be optimized for 
maximum resolution. It is then passed to an antialiasing filter consisting of an LP followed by an optional 
HP that can be selected or bypassed as required. These are both switched capacitor filters (SCF) driven from 
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a submultiple of the central master clock. This frequency is nominally set to 288 kHz and all the data sheet 
specifications are derived &om this value, but it can easily be altered to adjust the comer frequencies of the 

filters. 

The ADC itself is also driven from a further submultiple of the same clock, ensuring that the sampling 
is synchronized with the SCF. The sampling rate is programmable up to 19.2 kHz and encompasses the 
standard modem sampling rates (7.2 kHz, 8 kHz, 9.6 kHz, 14.4 kHz). The ou^at from the ADC is a 14-bit 
word that is then passed out of a serial port to a DSP. 

In the transmit section, data and control information is transferred from the DSP into the DX pin of the 
serial port. This is transmitted to a 14-bit DAC that is controlled in the same way as the ADC. The sampling 
rate for both can be tied together in synchronous operation or they can be run independently in asynchronous 
mode. The output from the DAC is fed to an LP SCF and then to a sin(x)/x correction filter. It is finally 
transmitted out of a differential output buffer. 

The features of the TLC3204X AIC family are as follows: 

• 14-bit ADC and DAC 

• Programmable sampling rates up to 19.2 kSPS 

• Programmable switched capacitor filters 

• Direct serial interface to DSP 

• Synchronous and asynchronous operation 

The advantage to using the AIC in a system design is die degree of flexibility that results because 
parameters can be controlled by software and do not require costly hardware modifications. Applications 
such as facsimile machines and secure telephones both dictate a high-speed data rate with low bit error rate 
(BER) figures. This in turn demands a flexible system with high resolution. Both these parameters are met 
by the AIC with it^ 14,^its of resolution ^d up to 19.2k saniple.s/second data rate. 
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Figure 32 - TLC32046 Wide-Band Analog Intefface Circuit 

The TLC32046 wide-band AIC offers the following features: 

14-bit resolution, 10-bit linearity ADC and DAC with up to 25-kHz sampling rate 

Programmable antialiasing and output reconstruction filters. Normally specified 
bandwidths are 7600 Hz, but several other bandwidths are possible. 

Three modes of operation: telephone, word, and byte. 

Selectable on-boar43M4?0/x eoireetto ckcp 

Internal refereHce that can be overridden by an external reference. ^ ■ 
Direct interface to TMS320C17, TMS320C25, TIk^320C30, aiiiTPS320CS0 DSPs. 
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Figure 33 - Hii^-Speed Modem Using the TLC32046 

These key features make the TLC32046 suitable for many applications, including: 

• Speech encryption for digital transmission. 

• Speech synthesis. 

• Speech recognition and storage systems. 

• Spectral analysis. 

• Modems at 8-kHz, 9.6-kiiz, and 16-kHz samplit^ tates. 

• Industrial proce^cdntrol. 

• Biomedical instrumentation. 

• Instrumentation recorders. 

• Data acquisition systems. 
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6 Graphics Systems 
Display Overview 

The basic building'blocks of image creation are a host processor, a graphics controller, the memory and 
memory interface, a display or monitor interface, and a CRT display monitor. The controller determines 
display timing, provides the image manipulation required, and stores the image in the memory. The video 
interface for driving a monochrome display is typically some form of digital-to-analog converter (DAC) 
that changes the digital data to analog voltages to drive the CRT. When color displays are used, the display 
interface is known as a color palette or video interface palette, which performs many more functions than 
aDAC. 

Within the display monitor are the analog video amplifiers, the CRT grid drivers, sweep timing, and drive 
circuits. The inside of the CRT screen is coated with an array of phosphor dots (pixels) that emit light when 
struck by a beam of electrons from the CRT gun. Images are formed on a CRT screen when the electron 
beam sweeps horizontally across and vertically down the screen, striking the array of pixels one pixel at 
a tune until it has SBccessavdy sw^t through the entire array. 
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Figure 34 - Composite Video Signals 

Return of the beam from right to left occurs during the horizontal retrace time and from bottom to top 
during the vertical retrace time. During the retrace, the screen is blanked by the horizontal and vertical 
blanking pulses. This horizontal and vertical (H and V) sweeping of the beam is called raster scanning and 
is the most widely used display method mainly because it can control bit-mapped graphics. The visual 
display created by this scanning method is called the raster. As shown for the horizontal sweep in Figure 34, 
the V & H sync pulses assure the proper beam start position on the screen for each scan. The sync pulses 
occur during the corresponding V or H blanking interval, which is also the beam retrace time. Of course, 
all horizontal lines are scanned between vertical sync pulses. Also, during the beam scanning, the individual 
pixel data is sequentially timed with the beam position by the video clock such that the image appears in 
the proper screen location. The brightness of the screen is determined by the intensity of the beam with the 
intensity controlled by the video amplifier output to the control grids of the CRT. If the beam intensity is 
kept constant during horizontal and vertical scan periods, the entire screen is a uniform brightness. The 
phosphor persistence retains the image for the duration of the vertical scan time such that an entire screen 
image is maintained. However, since the display will fade with time, the pixel array must be refreshed 
periodically to prevent the image from flidkering. Hicker is the notiGeabie dboming of ttte screen image 
just prior to a display refresh . Most display systems refresh the screen on every vertical scan to prevent this 
condition. Typical refresh rates used are 60 Hz and 72 Hz. 

Color CRT Displays 

In color monitors there are three separate channels: one for red data, one for blue data, and one for green 
data. The face of the CRT has a red array, a blue array, and a green array that are bombarded by beams from 
three CRT guns through three control grids. A metal mask inside the CRT face ensures that the proper beam 



goes only to the corresponding red, blue, or green pixel array. The input color data is fed to three video 
amplifiers and then to an interface circuit that level-shifts the signals to the proper grid signal level (the 
LM1203 is an example of the video amplifiers commonly used). By varying the three beam intensiti^ 
independently, this color data representing the three primary colors could theoretically reproduce any color 
desired. Equal red, green and blue data would produce a white to dark gray raster depending on the intensity 
level supplied by the video amplifiers. 
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Figure 35 - A Color Graphics System 
Graphics Display System 

The generation and manipulation of bit-mapped images in memory is the primary function of a graphics 
display system. Figure 35 is a diagram of a color graphics system, showing the basic signal connections 
between the four basic elements of the system: the graphics controller, the frame buffer and general-purpose 
memory, the video color palette, and the monitor. The graphics controller offloads the host processor of the 
routine display tasks by handling the data updates and bit manipulation and synchronizing fimctions for the 
screen display. The host, however, can directly access the graphics processor, the frame buffer memory, or 
the video color palette when necessary to input new data or request status. 

The Frame Buffer 

The information used to update the display during refresh is stored in memory. That area of memory 
reserved for a full frame of information is called the frame buffer. For monochrome displays, the frame 
buffer need only have one bit of information for each pixel. For high-quality color displays, the information 
for each pixel may contain several bytes of data. In these higher-performance systems, the memory size 

can be quite large and DRAM-type memory, due to its cost and physical size advantages, is used to 
implement the frame buffer. The standard DRAMs, however, have only one access port and can either be 
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written to or read from at any point in time but not both. This type of memory access is too slow for 
high-performance graphics systems because the screen display must be interrupted for the frame buffer to 
be updated unless the updates can be inserted into the retrace time. Updating the frame buffer during retrace, 
however, would require a much faster clock speed and memory access time because the retrace time is only 
25% of the total display period. Even if External dual-port logic were used, the DRAM access time would 
have to be very fast. Such fast DRAMs are costly and usually power hungry. Multiport devices such as the 
TMS44C25 1 video RAM (VRAM) solve this problem by providing simultaneous random and serial access 
to the storage area. The system in Figure 35 shows the dual-port VRAM frame buffer that allows the image 
to be displayed from the serial register while the graphics processor updates the display data through the 
local parallel bus. 

Monochrome Display Memory Data 

For monochrome displays, the frame buffer holds the pixel data currently displayed with any data 

updates to be used during the next refresh. Only one bit of information is required for each pixel since the 
display is either black or white, so the memory used for the frame buffer need only be as large as the number 
of pixels in the display. 

Color Display Memory 

In addition to the general storage memory; there are two distinct memories involved in color processing: 
the frame buffer and the color palette RAM. In color display control systems, the frame buffer does not 
contain the actual display data, but rather the addresses (called pseudo-color or color indexing data) of 
individual color data for each pixel in the array. The color data is stored in the color palette RAM. Attributes 
such as blinking fields, cursor generation and position, transparency, and so forth can be added by the 
graphics processor. 



A Simple Pixel |s Controlled By Many Bits 




Figure 36 - Color Data Required for an Individual Pixel 
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An example of the color data required for an individual pixel is shown in Figure 36 as four bits each of 
red, green, and blue data per pixel with two attribute bits similar to EGA. Only four bits per color are shown 
for clarity. Higher-resolution display systems such as VGA and beyond use eight bits per color, and intensity 
data is usually coded into these eight bits. The color palette RAM usually exists as part of the video interface 
palette; however, it can also be external memory. The TLC34075 Mdeo Interface Palette (VIP) has an 
on-board 256-by-24-bit palette RAM and is directly accessible by the host. This organization allows up to 
256 colors to reside in the VIP palette RAM at any one time. The 24 bits are composed of a red data byte, 
a green data byte, and a blue data byte. As required by the application, the 256 colors are loaded into the 
palette RAM, usually by the host processor. When the palette RAM is addressed, it outputs the appropriate 
three bytes of data to the individual red, green, and blue video converter channel. If all eight bits are 
significant for each of the red, green, and blue colors, over 16 million (2^ x 2^ x 2^) colors would be 
available selected 256 at a time. The 256 selected colors or the later selection of 256 new colors is 
application>speciSc. , 

For what is known as true color display, a color palette memory would also contain eight bits of 
information for each of the red, green, and blue colors but would have the dimensions of at least 16M by 
24. Instead of only 256 colors, this memory organization would allow any one of the 16 million colors to 
be displayed at any pixel during the display scan. The total number of colors, however, shown on a given 
screen is limited to the total number of pixels on the screen. For example, a 1024-by-768-pixel array can 
only display 786,432 colors at one time, but on the next refresh could display another 786,432 colors and 
so on up to a total of 16 million. 
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Figure 37 - Output Digital-to-Anaiog Converter (DAC) 



Color Output to the Monitor 

Color and brightness can only be displayed by a CRT monitor if they are in the form of a continuously 
variable voltage. Therefore, the digital information stored in the frame buffer or palette memory must be 
converted to voltage levels that can be used by the monitor. This is the function of the output 
digital-to-analog converter (DAC) shown in Figure 37. Since color is represented as a mix of the three 
primary colors red, green and blue, there is a DAC output for each of these. Most RGB monitors accept 
signals that have a 75-Q characteristic impedance. The analog output circuits must be able to drive this 
impedance to ensure that the video signal is transferred to the monitor with the proper voltage levels. The 
TLC34075 VIP integrates this video output capable of driving video signal levels into a doubly balance 
75-Q line according to the RS-343A video output specification. 

CaleulatioQ of the Required Dot Clock Frequency 

The refresh rate and the display resolution determine the dot clock frequency. For example, assume a 
display resolution of 1024 by 768 pixels and a vertical period of 1/60 second. Since all pixels need to be 
refreshed in that interval, then the total number of pixels to be refreshed in 1/60 second is 
1024 X 768 = 786,432 pixels. Within the vertical period, however, the vertical blanking uses about 25% 
of the total time and cannot be used for refresh. Therefore, the pixel or dot clock frequency is 



or approximately 60 MHz. The TLC34075 VIP is tested at a 10% guardband to ensure proper operation 
at 66 MHz. Similar calculations can be made for other display resolutions. 

Graphics Display System ClassiGcation 

The performance of graphics display systems covers a very broad range of levels from inexpensive game 

displays to very expensive image enhancement systems. Many compromises exist between resolution and 
speed to accommodate different applications. As an example, a display used for oil well measurement and 
data logging requires a refresh rate of only one to two frames per second but very high resolution to aid 
petroleum engineers to interpret the geological information more accurately. A set of general classiQcations 
is useful to describe various performance levels. 

Performance Measurement of Graphics Displays 

The first characteristic of a display system for most applications is the display resolution and attributes. 
This is measured as the number of bits in three dimensions: the horizontal resolution, the vertical resolution, 
and the gray scale or color resolution with other attributes. These xyz numbers are multiplied together to 
determine the total frame buffer size required. As these xyz numbers get larger, a greater amount of 
information can be present on the screen at any one time. The screen refresh rate is then used as the 
measurement of how quickly the information on the screen can be updated; however, the internal speed of 
the graphics controller system may have more significance. 

The second major performance parameter of a graphics system is the processing speed of the controller. 
This speed is more difficult to quantify because the measurements of speed are somewhat application- 
specific. Three genml expressions are used to classify most systems: 



f (dot) = 



total no. of pixels 



X 1.25 = 786» 432 X 60 x 1.25 Hertz == 58.98 MHz 



(1/60) second) 



Chamctersper second is a measurement of how many bit-mapped characters of a given size 
can be generated from ASOI in one second. 



Vectors per second is a measurement of how many dotted lines can be plotted on the screen 
per second from vector or x-y coordinate information. 



• Polygon generation speed is useful in some applications if the same type of polygon is used 
to compare various systems. Lower-cost systems may not generate polygons at the graphics 
processor level but rely on the host processor to calculate the compotjent line position to 
build the polygon. 

The processing performance requirements for an application depend on the intended end use of the 
display and the specific timiag characteristics of the CRT that are chosen for a design. 



TLC34075 Video Interface Palette 



Features: 

• Versatile Multiplexing InterfaceAllows A Lower 

Bus Rate 

• Direct VGA Pass-Through Capability 

• Directly Interfaces To TMS3401 0/34020 

• 66MHz, 85MHz, 1 10MHz, And 135MHz Versiorts 

• Triple 8-Bit D/A Converters 

• 256 Word Color Palette RAM 

• Palette Page Register 

• RS-343A Compatible Outputs 

• LinEPIC lum CMOS Process 

• 84rin PLCC 



• TTL Compatible Inputs 

• Standard MPU Interface 

• Pixel Word Masl< 

• On-Chip Clocl< Selection 

• "True Color" (Direct Addressing) Mode 

• Direct Interfacing To Video RAM 

• Support For Split Shift Register Transfers 

• Software Downward Compatible With IMSG1768 
& Bt467/8 (VGA) 

• TIGA Software Compatible 




Figure 38 

Beyond VGA — The TLC34075 

Traditionally, the graphics board designer has had, among others, the following major considerations: 
1) RF noise suppression, 2) maximum signal skew allowable, and 3) functional flexibility for working 
with various screen resolutions and data formats required for upward or downward compatibility with other 
systems. The features of the TLC34075 Video Interface Palette (VIP), whidi addresses these and other 
desigB comidet atioQS, are sbow^ in Figure 38. 
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Figure 39 



The TLC34075 reduces RF noise and signal skew by incorporating all of the high-speed timing, 
synchronizing, and multiplexing logic usually associated with graphics systems into one device, greatly 
reducing board chip count as shown in Figure 39. Since all high-speed signals (excluding clock source) are 
contained on chip, RF noise a»i signal skew are gtm^ reduced for the deMgner. 

The TLC34075's various pixel multiplexing options allow for 32-, 16-, 8-, and 4-bit pixel buses to be 
accommodated without any circuit modification, enabling the system to be easily reconfigured for varying 
amounts of available video RAM. Data can be split into 1-, 2-, 4-, or 8-bit data lengths to accommodate 
differing system requirements. This data is used to address a 2S6-by-24 color lookup table, aad the color 
lookup data drives triple 8-bit DACs. 

The device features a separate VGA bus that allows data from the feature connector of most 
VGA-supported personal computers to be tied directly into the palette without the need for external data 
multiplexing. This allows a replacement graphics board to remain dowiiward compatible by using the 
existing graphics circuitry often located on the motherboard. 

Sync generation is incorporated on the green output channel. HSYNC and VSYNC are fed through the 
device and optionally inverted to indicate screen resolution to the monitor. 

Clocking is provided by one of four (3 TTL and 1 ECL/TTL) software-selectable inputs to support 
various screen resolutions. The TLC34075 can be connected directly to the serial port of VRAM devices, 
eliminating the need for discrete logic. It will also support split shift register transfers (SSRT). Split shift 
register transfers allow more efficient use of the available VRAM. 



A palette page register provides additional bits of palette address when 1 -, 2-, or 4-bit transfers are used. 
This paging feature allows the screen colors to be changed with only one MPU write cycle. 



A true color mode transfers 24 (3 x 8) bits of color information from the pixel port directly to tihe DACs. 
In this mode, the remaining 8 bits (of 32 total) on the pixel bus provide an overlay function. 



TLC34075 Video Interface Palette 
Migration Path Through Itemory i^ipan^on 
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Figure 40 

Figure 40 shows tiie swt of the frame buffer memory required to support a given resolution. 



Tl's Hardware And Software Plug-And-Play Together To 
Unleash The Power Of Windows 3.0 
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Windows 3.0: 

Resolution & Color Depth Independent 
Graphical User Interface 

TiGA Driver: 

Ftesolutlon & Cdor Dep^ independent 
Windows 3.0 Driver 

34010 Or 34020: 

Resolution & Color Depth Independent 
Graphics Processors 

34075: 

Resolution & Color Depth Independent 
Video Interface Palette 
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Figure 42 



Texas Instruments' advanced linear technologies include: 

* Advanced bipolar witb its high speed and rugged characteristics. 

* Advanced linCMOS with tow power and high speed. 

* Advan^d LinEPIC with high density and low power. 

All of these advanced linear technologies have played a significant role in the development of the new 

generations of data acquisition circuits. From the precision (14- and 15-bit) TLC7135 and TLC32040 
families to the high-speed (to 135 MHz) flash converters and color palettes, these advanced linear 
technologies have brought us continually improving performance and more complete system functions on 
a single chip. Delta sigma designs for 16-bit complete analog interface circuits and LinEPIC designs for 
very complex, high-speed (165 MHz) circuits are leading the way to improved system designs for the future. 
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Figure 43 



Data Conversion - Compiexity 
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Figure 44 
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TLC1225/1125 12 Bit, Plus Sign, Self Calibrating ADC 



Feature 

• 12 Bits + Sign Bit Resolution 

TLC1225: 12 Bit Linearity 
TLC1125: 11 Bit Linearity 

• Bipolar Or Unipolar Conversion 

• 12 jts Conversion Time 

• True Differential Inputs 

• 5 Volt Single Supply Or ±5 Volf Operation 

• Low Power . . 85mW Max 

■ Control Signals Compatible With Most 
DSPs And tiPs. 
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Figure 45 
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TLC§4X Sefies - Serial A/D Converters 



Part 
Number 


Resolution 
(Bits) 


Number Of 
inputs 


Unadjusted 
Error 


Conversion 
Time 


TLC548 
TLC549 


8 


1 


± 1/2 LSB 


17^8 


TLC540 
TLC541 


8 


11 


±1/2LSB 


9^S 
17nS 


TLC545 
TLC546 


8 


19 


1 1/2 LSB 


9^8 

17^s 


TLC1S40 
TLC1S41 


10 


11 


± 1/2 LSB 
±1/2 LSB 


21 hS 
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TLC155Qn'LC15S1 10-BIT ANALOG TO DIGITAL CONVERTERS 



Features 

• Single-Poly LinEPIC Silicon-Gate ^-^lm 
CMOS Technology 

• Power Dissipation (Max) - 40 mW 

• Close Capacitor Matching for Getter /Vxuma/ 

• Fast Parallel Processing for DSP and 
uP Interface 

■ Either External or Internal Clock May Be Used 

• Conversion Time - Bjis 

• Total Unadjusted Error: 

TLC1550+/-0.5LSBMax 
TLC1 551 =i/- 1 .0 LSB Max 



Applications 

• Servo Control for Disk Drives 

• High Speed A/D in Cellular Telephones 

• Automotive Active Suspension Systems 

• Sound System Noise Cancellation 

• Interface From Analog Signal Source to 
DSP and nP 

• Medical Electronic Systems Interface 

• High Speed Sensor Interface in Indu^rial 
Systems 



Figure 47 
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WgUi Accuracy/High Speed 
Example Application - Motor Control 



Description 

• TLC0820 And TLC7528 Combined With 

A DSP Preform Motor Speed Control 

• High Accuracy And High Speed For Fast 
And Accurate Control 

Feature 

• High Speed Interface 

• DSP Based Motor Control 

• Analog Interfaos/DSP Solution 
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Benefits 

• Eliminates The Need For External Glue Logic 

• Allows For Precision Speed Control 

• Fast And Accurate Control 



Figure 48 



TLC550X 8-Bit Flash Analog To Digital Converter 



Features: 

• 8-Bit Resolution 

• 20 MSPS Guaranteed Maximum Conversion Rate 

• 10 MHz Analog Input Bandwidth 

• 300 mW Maximum Power Dissipation 

• 5 V Single Supply Operation 

• Three Versions: 

TLC5502-5 0.5 LSB Linearity, 0-5 V Analog Input 
TLC5503-2 1 .0 LSB Linearity, 3-5 V Analog Input 
TLC5503-5 1 .0 LSB Linearity, 0-5 V Analog Input 

• Interchangeable with Fujitsu MB40578 

• Speech Recognition And Storage Systems. 

• LinEPtC 1nm CMOS Process 



Figiil«49 



1-S9 



8-Bit Digitpl To Analog Converter - TLC5602 



Features: 

• 8-Bit Resolution 

• 20 MSPS Guaranteed Maximum Conversion Rate 

• 1 25 mW Maximum Power Dissipation 

• 5 V Single Supply Operation 

• 0.5 LSB Linearity 

• 3-5 V Analog Input 

• Interchangeable With Fujitsu MB40778 

• UnEPiC 1 Mi^mi CMOS Process 



Figure 50 



TIJCS602 - 8-Bit Video Digital To Analog^fiverter 
Functional Block Diagram 
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Figure 52 



TLC3204X Family Comparisons 



Feature Or Parameter 


TLC32040 


TLC32041 


TLC32042 


Bandpass Filter Bandwidth 


300 to 3600 Hz 


300 to 3600 Hz 


200 to 3600 Hz 


Selectable On-Board (sin x)/x Correction 


No 


No 


No 


Antialiasing & Reconstruction Filter 
Passband Ripple 


+/- 0.5 dB 


+/- 0.5 dB 


+/- 0.5 dB 


Antialiasing & Reconstruction Filter 
Relative Delay 


50 us 


50 us 


50 us 


Antialiasing Filter Absolute Delay 


1230 us 


1230 us 


1230 us 


Reconstruction Filter Absolute Delay 


700 us 


700 US 


700 us 


Programability of Low And High End 
Antialiasing B. P. Filters 


Dependentiy 


Dependentiy 


Dependentiy 


Can Bypass Analog Input Bandpass 
Filters 


Yes 


Yes 


No 


Can Bypass Analog Input Highpass 
Section Only 


No 


No 


Yes 


Has Internal V Ref 


Yes 


No 


Yes 


Can Use External V Ref 


Yes 


Yes 


Yes 


Sampling Speed 


.19.2 kHz 


19.2 kHz 


19.2 kHz 



OA. ISA. 291 



4^. 
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TLC3204X Family Comparisons 



Feature Or Parameter 


TLC32044 


TLC32045 


TLC32046 


Bandpass FiHer Bandwidth 


150 to 3800 Hz 


150 to 3800 Hz 


150 to 7600 Hz 


Selectable On-Board (sin x)/x Correction 


Yes 


Yes 


Yes 


Antialiasing & Reconstruction Filter 
Passband Ripple 


+/- 0.25 dB 


+/- 0.25 dB 


+/- 0.25 dB 


Antialiasing & Reconstruction Filter 
Relative Delay 


100 us 


100 us 


100 us 


Antialiasing Filter Abso:ute Delay 


500 us 


500 us 


900 us 


Reconstruction Filtef Absolute Delay 


500 us 


500 us 


900 us 


Programability of Low And High End 
Antialiasing B. P, Filters 


Independently 


Independently 


Independently 


Can Bypass Analog Input Bandpass 
Fillets 


No 


No 


Yes 


Can Bypass Analog Input Highpass 
Section Only 


Yes 


Yes 


Yes 


Has Internal V Ref 


Yes 


No 


Yes 


Can Use External V Ref 


Yes 


Yes 


Yes 


Sampling Speed 


19.2 kHz 


19.2 kHz 


25 kHz 




Wide-Band Analog Interface Circuit TLC32046 



Features: 

• 14-Bit Resolution, 10-Bit Linearity ADC And DAC With Up to 25 kHz Sampling Rate 

• Programmable Anti-Aliasing And Output Reconstruction Filters. Normally Specified 
Bandwiths Are 7600 Hz, But Several Other Bandwiths Are Possible. 

• Three Modes Of Operation: Telephone, Word, And Byte. 

• Selectable On-Board (sin x)/x Correction Circuit For DAC. 

• Internal Referance That Can Be Overriden By An External Reference. 

• Direct Interface to; TMS32C17, TMS320C25, TMS320C30, And TMS320C50 DSPs. 

Typical Applications: 

• Speech Encryption For Digital Transmission. • Speech Synthesis. 

• Speech Recognition And Storage Systems. • Spectral Analysis. 

• Modems At 8 KHz, 9,6 KHz, And 16 KHz Sampling Rates. • Biomedical Instrumentation. 

• Industrial Process Control. • Data Acquisition Systems. 

• Instrumentation Recorders. 
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Figure 55 



TLC^MSAFiindamental Modes Of < 
Function Table 



Dflts 
Communications 
Format 


Synchronous 
(Control Register 
Bit D5 = 1) 


Msy n cn ronous 
(Control Register 
Bit D5 = 0) 


Forcing Condition 


Direct 
interface 


16-Bit Format 


Telephone IMode 


Telephone Mode 


Pln13 = 0ToSV 
Pin 1 = To 5 V 


TMS32020, 

TMS320C25, 

TMS320C30 


le-BHFanmN 


Word Made 


»"- -- ' — ■— 

WOffl MOaB 


Pln13 = Vcc-(-eVnom) 
Pin 1=Vec+('^Vnam) 


TMS32020, 

1MS320C2S, 

TMS320C30, 

Indirect 

IntnfaceTo 

TMSK0C10. 


8-Btt Format 
(2BytM Itaqulmd) 


BylsMod* 


BylaMode 


Pln13 = Vcc-(-5Vnoni) 
Pin l=Vec-(-SVnam) 


TMSS2P17 
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Speech-To-Digital And Digital-To-Speecli Systems 
PC Multimedia And Secure Telephone Applications 



VOCODER 
(SPEECH ANALYSIS) 



9S00 BPS MODEM 

(v.nnto) 




TLC34(^ - 256 x 12 Or 24 Color Palette 



Key Faatures: 

• RS-343 Compatible Outputs 

• Direct interface To TMS340XX Graphics 

Processors 

• 125 MHz Pipelined Architecture 

• Direct Repiacements For The Brooictree 
Bt458 



Customer Benefits 

• Industry Standard Output for Direct Interfacing 
With External Circuits 

• Simplifies layout And Interconnection For 

Compactness And Reliability 

• Fast Display And Rewrite 

• Second Source For Existing Designs 



Figure 58 

TLC34075 Video Interface Palette 
Functional Block Diagram 




• 256 Color Palette 

• VGA Palette Register Compatible 

• Direct VGA Pass-Tlirough 

• Monitor Detection 

■ Directly Supports 1 , 2, 4, 8, 24 Bits Per Pixel 

• Programmable Pixel Bus Widths - 4, 8, 16 & 32 

• Direct Interface to VRAM 

• On-Chip Shift Registers 

• Cn-Chip Dot Clocl< Mux 

• On-Chip DAC Reference 

• SYNC On Green 



The TLC3407S VIP Supports High Resolution Graphics While Providing Backward Compatibility For VGA 
The White Areas Show the Adcttional FuncHonaltty of the 'TLC34075' Over the StadanJ Color Palette (in grey). 



Figure 59 
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SECTION 2 
POWER SUPPLY 



POWER SUPPLY 
INDEX 



1. Developments in Power Supply Functions 

2. Introduction to Switching Regulators 

2-6 Standard Switching Configurations 

2-7 Buck Regulator 

2-10 Pulse Width Modulation Control 

2-11 The TL145 1 - A Dual PWM Control Circuit 

2-13 Current Mode Control 

2-15 The UC3842/3/4/5 Family of Current Mode PWM ControUera 

2-16 The LT1070/71/72 High Effideney Switching Regulator 

2-18 Resonant Mode Converters 

3. Supply. Voltage Supervision 

2-21 Single Rail Supjply Voltage Supervision - The TL7705B 
2-23 Multiple Rail Supply Voltage Supervision - The TL7770-5 
2-24 Developments in Power Supply 
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DEVilOI^ENTS IN POWER SUPPLY 
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Figure 1 - Developmen^in Ftmper Sixppfy fttnetioi^t; 



This section of the seminar will address power supply components, concentrating on two 
areas of this field - Switching regulators and Supply voltage supervisors. 

1.1 Switching regulators 

Providing a stable ,regulated supply to any electrical system is clearly a fundamental 
requirement for reliable operation. The development of the first monolithic regulators was a 
big help to power supply design, making it simpler and more cost effective. 

In this section, we show the developments in the area of switching regulators, explaining 
how they differ from Linear series regulators, the principles of operation, and the development 
from voltage mode to ciufrait mode. Finally, the theory of the latest form of switching regulator 
- the resonant converter, is presented. 

1.2 Supply «iiltf^ supervMoo 

In this section , we explore the purpose of supply voltage supervision, and where and how it 
is used to ensure a system is qp@twi]^ wtAin its cons^ suf^ly voltage "window". <. ■ 
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INTROBUCTIOINi TO SWITCMIWII R^UIATGRS 
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PARAMETER 


LINEAR SERIES REGULATOR 


SWITCHING REGULATOR 


Efficiency 


Typically 30% 


Typically 70% -90% 


V, -Vo Differential 


Small (to minimise losses) 


Can be Large 


Power OutputAtoiume 
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Noise 
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Output Ripple 
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Figure 2 - iBtfodiistini^BwItclifflg cs^Mt^^ 



The function of a voltage regulator is to convert a DC input voltage into a defined, stable 
output voltage and to maintain the output over a wide range of load current and input voltage 
eonditioiis. To acjieive this, a typical regulator consists of the following elements; 



1 . A voltage reference (Vref) to provide a fixed voltage level. 

2. A sampling element to monitor the output voltage 

3. An error amplifier for measuring the difference between the actual and 
desired output voltage. 

4. A power control element to deliver the required energy from input to output. 



The first three functions me broadly the same for any type of regulator. However, the 
control element is what distinguishes the different types. For a Linear or Series regulator, this 
control element is normally a transistor. Control is provided by varying the value of the series 
resistance of this transistor to allow more or less current through from iiiput to daipit. 

With a switching regulator, the control element is also a transistor , but it is used in a 
different way. In Ms case, control is pim/MM by ^chopping" the input voltage to pass energy 
from input to output in proportion to the duty cycle . The primary advantage of this technique 
is that the active element (the transistor) is either fully saturated or fully off - in both cases 
power dissipated in the switch is minimised. Therefore, the switching regulator operates at 
higher efficiency than its series counterpart. Typically, a switching regulator operates at 70%- 
90% efficiency, compared to the 30% of a series regulator. 

Another advantage of the switching regulator is a decrease in size, weight and hence cost 
per Watt of output power. This is because by operating at higher switching speeds, the size of 
the passive components required is reduced by a factor of about 8 times for switchers operating 
over lOOkHz. 



The disadvantage is that the regulators are more complex and require more complicated 
supporting circuitry. The switching process also introduces high finequency electrical noise 
aldiou^ this will be attenuated to some extent by the connecting cables and filter capacitors on 
th@ output. As switching frequencies increase, this noise also becomes easier to filter out. 
Finally, die switchers tend to introduce more ripple on the output voltage. 

The relative pros and cons of switching regulators as compared to series regulators are 
summarised in the table below. As a general rule, the switching regulators are of most benefit 
in applications that require higher power requirements, where the input to output differential is 
large and where efficiency of the power supply is of utmost importance. 

Table 1. Pros and, Coos .(rf switching regulators compared to Lin^ regulstons 



Advantages 

High Efficiency 

High power/weight ratio 

High input to output differential 



Disadvantages 

Electrical noise 
More complex design 
Higher output ripple 



STANDARD SWITCHING CONFIGURATIONS 
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Figure 3 - Standard switching configurations 

We will now examine the basic switching configurations where switching regulators can be 
used. In each case, the output voltage depends upon the duty cycle of the circuit to a first 
approximation. The duty cycle is defined as the ratio of the time for which the switch is 
closed (t^^) compared to the total period of the oscillator driving the switch (1^^+ t^pp). The 
theoretical limits on this can vary from 100% (when the switch is p»ermanently closed) to 0%, 
(when it is permanently open), although in practice, it may not be possible to use the complete 
range. The Duty Cycle 8 is therefore defined as 



8 =(t0N)/(t0N+W) 



In all the following topologies, the principle used is that the output voltage is maintained at 
a constant value by keeping a constant charge on the capacitor. Energy is delivered to the load 
in each cycle by the output current Iq,^,^. This is replaced by energy delivered from the input via 
the inductor which acts as a storage element. 

In each case, the first order approximations for the output voltage are derived making the 
assumption that the passive elements are ideal - i.e. they contain no series resistance which 
dissipates power. The forward voltage drop of the diode is also assumed to be zero to a first 
approximsition. 



STANDARD SWITCHrNG CONFIGURATIONS: 
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Figure 3.1 Buck Relator 

This first diagram shows the Buck or Series regulator and its associated voltage and current 
waveforms. 



a) Switch closed for time t^^ 

The change in the current flowing in the inductor is given by: 
V=LdI/dt (V„-V„„Jt„,/L=dI 



3.1.1 



For steady state , the increase dl during t^^ should be matched an equal decrease (fairing 
tj^. Therefore we can write 



Sdl = soIV.t/L = and IV.t =0 



3.1.2 



Hence, the product of the voltage across the inductor and t^,^ should be the same as the 
product of the volt^^e across tbe inductor and t^^p. This is indicated on the diagram of the 
inductor voltage wh^ area A is the s^e as area B. 



b) Switch open for time t, 



When the switch is open, the collapsing magnetic field in the inductor creates a back emf 
which forward biases the diode and allows the stored energy to flow out into the capacitor. 

V=LdI/dt -^o^of, / L = -dl 3.1.3 

Therefore, from 3.1.1 and 3.1.3 , V^,^^ t^pp = (V,^ -V^^,^ ) t^^ 3.1.4 

Simplifying, V^^= V,^.t„^ /{t^^+ 1 ^pp) = V,^ .8 3. 1 .5 

Since 8 cannot exceed 1 , the Buck regulator always steps down the output voltage. How- 
ever, since the circuit contains only components that are theoretically "lossless", there is no 
power dissipation in the circuit and the input power equals the output power. Uierefore 

^IN" ' IN~ ^OUr ^OUT ^OUT ~ ^IN ' ^^IN ^OUT^ 3.1.6 

and the output current is increased by the ratio of the voltages. Note that this expression 
refers to the average value of Ijj^. As can be seen from the current waveform, the peak value of 
1,^ is equal to 1^^^^ + 1/2 dl. 

The diagrams show the circuit operating in Incomplete Energy Transfer (LET) or 
Continuous mode. These names derive from the operaticm of the inductor. Since the cunent in 
the inductor never falls to zero, i.e. it is continuous, there is always some energy stored in the 
inductor . This requires the use of a larger inductor than would be the case if there were 
Complete Energy Transfer (CET) on edch cycle, so that the inductor current reached zero 
before the start of the next cycle. However, the CET mode of operation needs the circuit to 
handle far higher peak currents for the same average 1^^^, and there is also much larger current 
ripple on both the inductor and the capacitor. 

3.2 Boost Regulator 

In this configuration, energy is delivered from the input and is stored in the inductor whilst the 
switch is closed. The diode is reverse biased since the input voltage is lower than the output 
and so no current flows into the load at this time.When the switch opens, the inductor tries to 
preserve the collapsing magnetic field by creating a back emf which forward biases the diode 
and forces it into conduction.' In this way, a current pulse is delivered into the capacitor and the 
load. This current pulse has a higher peak than the average output current. In this way , energy 
firom the line plus stored energy in the inductor is delivered, with each pulse. 

a) Switeh dosed for time t^^ 

V„.t„,/L = dl 3.2.1 

b) Switch open for time 

(V«-V^).to^/L = -dI 3.2.2 



Therefore V^^,^ = V,^ (t^^ + )/ 1^^^ ^ V,^ / ( 1 - 8) 3.2.3 

VouT =V„/(l-8) 

and since S < 1 Ms means that it steps up or boosts the output voltage. 

33 Buck-Boost regulator 

The Buck-Boost regulator operates in a similar manner to the Boost converter, but in this 
case only the energy delivered to the inductor is passed on when the switch is opened. The 
Buck-Boost configuration is used to invert the input voltage and can either step up or step 
down the magnitude of the voltage depending on the duty cycle 

a) Switch sltom4 for Uim 

-V,N-toN/L = dI 3.3.1 

b) Switch open for time t,^^ 

-(VouT)-W/L = -dI 3.3.2 

Therefore = -V^ . t„^ / 1„^= -V^. 5/(1^8) 3.3.3 

V„„=-V^ 8/(1-8) 

3.4 Flyback regulator 

The flyback regulator is a development of the Buck-Boost converter that uses a trans- 
former to deliver the energy from input to output. While the switch is closed, current builds up 
in the primary windings so storing energy. The polarity of the w indings ensures that the diode 
is reverse biased. When the switch is opened, the stored energy is delivered to the load. 

a) Switch closed for time t^^ 

V,N T„N/L-dI 3.4.1 

b) Switch open for time t^pj. 

-(Vour).W/(N.L)=.dr 3.4.2 

Therefore V^^^ . t^^ / t^pp = V,^ . N . 8 / (1- 8 ) " 3.4.3 

VouT=V™-N.8/(l-8) 

There are therefore two controllable parameters to adjust the output voltage - the duty 
cycle and the turns radio. Due to this, the flyback converter can provide either current gain or 
voltage gain. There is a disadvantage in that the output ripple current is higher than the other 
configurations but this design also offers isolation of the output from the input. 
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PRINCIPLE OF PWM CONTROL 
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Figure 4 - Pulse width modulation control 

The diagram shows the principle of pulse width modulation. As we have already seen , the 
output voltage can be controlled by controlling the duty cycle of the switching element. Pulse 
width modulation or PWM provides the means to do this. 

As was shown in the introductory foil, control is provided by a feedback loop from a 
sampling element on the output, (usually a potential divider as shown) which is compared to 
the known reference voltage. The difference between the actual and desired output is then 
generated by a differential amplifier which produces an error signal in proportion to this 
difference. This error signal is in turn then compared to a voltage ramp produced by an 
oscillator at the input to a comparator. The frequency of this oscillator is normally controlled 
by an external timing capacitor chosen by the user. Whenever the magnitude of the voltage 
ramp exceeds that of the error signal, the comparator output is high, activating the power 
switch . Similarly, when the ramp is below the error signal, the output is low and the switch is 
turned off. In this way, a series of pulses of magnitude V^^ is passed to the LC lowpass filter 
and hence to the output. The wid^ of these pulses (and hence the duty cycle) is modulated by 
flie error signal. 



TL1451AC - A DUAL PWM CONTROL CIRCUIT 




Figure 5 - The TL1451 -A dual PWM control circuit 



This diagram shows an example of a device that incorporates all the features necessary to 
implement two separate PWM control systems in a single package. The TL145 1 AC is 
designed for power supply control and is shown here providing two regulated supply voltages 
from a single 12v d.c. input. The diagram is a simplified version of the full schematic shown 
below. 



Vcc -12 V 




V 



In this case, the chosen outputs are 24v at 1 A and 5v at 1 .2A , produced using a boost and 
a buck topology respectively. These values are defined by the potential divider chains on the 
output , with the resistor values chosen in each case to provide a feedback of 1.25v to the 
non-inverting input of the error amplifiers at pins 3 and 14 when the output voltage is at its 
correct value. This feedback is compared with the value at the inverting input (pins 4 and 13) 
which is chosen to be half &e vate at ^eireigr^Acie d«^^at pin 16. 

The TL1451 AC has a 2.5v internal reference which provides a stable supply for the 
device's internal functions and can also source up to 10 mA for additional external load 
circuits. The output is provided by two open collector Darlington stages which can sink up to 
20 mA and show a saturation of less than 2v at 10 mA. For this application, additional base 
drive to the power transistors in the output stage is necessary . The frequency of operation is 
controlled by the capacitor and resistor on pins 1 and 2. The capacitor is charged and 
discharged by a constant current whose value is determined by the resistor.This produces a 
triangular waveform that is designed to vary between 1 .4V and 2V. In this application, the 
values of R and C are diosen to produce a 330kHz operating frequency. 

TI.1451AC Dual PWM control circuit 

O Complete PWM control circuitry for two independent switching regulators 
O Internal undervoltage lockout protection 
O Wide supply voltage range 3.6V to 40V 
O Low quiescent supply current 2.4niAni!ix 

O Wide frequency range to 500kHz ■ 

O Variable dead time control from 0% to 100% 
O Stable 2.5V reference 



The TL1451AC also incorporates some other features designed to offer greater control. The 
first of these is dead time control. The "dead time" is the period of time in each cycle when the 
PWM control is overridden and the output transistors are switched off. This is acheived using 
another input to the PWM comparator at pins 6 and 11 . If the voltage at these pins exceeds that 
of the oscillator output, the output transistors are switched off irrespective of the error voltage 
signal. By setting a level between 1.4V and 2V, the dead time can be controlled from 0% to 
100% of the cycle. 

This is useful in a push-pull configuration when the outputs operate out of phase with each 
other on two halves of a centre' tapped transformer. In this case, it is essential that there is no 
time when both outputs are switched on together since this would create a short circuit from the 
supply rail to ground. Dead time is employed here to ensure there can be no overlap. In the 
example shown, a potentiometer (VR2) is used to provide about 10% dead time, which is 
desirable for dds oulpiL 

Dead time control also provides the means to include a soft start up capability. Soft start 
cushions the output at start up when the large capacitor on the output needs to be charged up . 
Without it , the error feedback would be very large, forcing the output to be on for 100% of the 
cycle. With C3 tied to the reference pin as shown, the voltage on the deadtime control pin starts 
at 2.5V and then decays as C3 charges up . In this way the deadtime falls from 100% at start 
up to 10% wh^n the circuit has stabilised. 
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An undervoltage lockout (UVLO) circuit monitors the supply voltage and overrides 
operation if it falls below the minimum of 3.6V. This ensures the reference regulator and other 
circuitry stays witiun its cq)arating specification and prevents faulty operation of the device. 
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Figure 6 - Current mode control 

Current mode control is based around a dual control loop system. TTie inner loop is the 
current control. The current flowing from the input, through the inductor and the output 
transistor when it is switched on, is converted to a voltage by a low value resistor Rsense- 
provides direct feedback of the current flowing in the inductor . This signal is fed back to the 
PWM comparator , where it is measured against the error signal generated by the outer loop. 
This loop compares a fraction of the output voltage with the internal reference and provides an 
error signal in proportion to the difference between the desired and actual output voltage. This 
error signal is the same as is used in a Voltage mode converter. 

In this way, the drive to the output transistor from the latched Flip-Flop is turned off when 
the sensed inductor current reaches the limit set by the V^^^^ signal. Hence, the error -signal 
controls the Inductor current directly to provide inherent pulse by pulse curreixt limiting. 

Benefits of current mode control 

Direct sensing of load current - Because the load current is measured directly and not just 
the load voltage, the current mode controller can respond very quickly to variations in the load. 
Similarly, if the line (input) voltage changes, this has a direct effect on the measured current. 
Since the current is measured directiy, the output is kept on until the current reaches the 
Vg^Q^ limit so fliat the correct amount of energy is delivered to the load to maintain the output 
voltage. 

Current compared to error signal - As above, the current is measured directly. Hiere- 
fore, the output will be shut off in a shcMt circuit condition or if the inductor saturates. With 




Inductor Current Directly 
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voltage mode control, the peak current can rise to a damaging level in a short circuit condition 
as the device tries to maintain the output voltage. 

Automatic symmetry correction - When a device is used in a push-pull configuration, two 
halves of a centre tapped transformer are used. The magnetic characteristics of these may be 
different so that even though the voltage across each half is the same, the current drawn may be 
very different leading to saturation of one half of the core whilst the other half is being "under- 
driven". In a current mode set up this is prevented because the current flowing in each half is 
monitored directly. 

Parallel Operation - In a similar manner to the above, since both current and voltage are 
monitored, power is shared equally between a number of modules Operating in parallel. This 
makes efficient use of a s^®s of devi^ (^©rating loge^i^ in parallel to provide additional 
current capacity. 

Feed Forward - Variations in the line voltage are automatically corrected for by the 
current sense amplifier as explained above. Therefore the dynamic range of the error amplifier 
is used to maximum effect to measure variations in the load. 

Current mode control is best operated in Complete Energy Transfer (Discontinuous ) mode. 
Any change on the input voltage changes the peak input current and hence the energy stored 
by the inductor. In CET mode , all this energy is transferred to the output . In lET mode 
however, the current in the inductor doesnt fall back to zero, so that there is a difference 
between the energy transferred into the inductor and the energy traflsfirred Out, This becomes a 
ripple on the ou^ut as a feedthrough from the input ripple. 



UC3842/3/4/5: CURRENT MODE CONTROL CIRCUIT 
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Figure 7 - The UC3842/3/4/5 family of current mode PWM controllers 

The UC3842 family of devices offers a compact solution to current mode control with all 
its associated braefiK. The fapuly contains four devices which are distinguished by two main 

features: 

7.1 UVLO (Under voltage lock out) 

Under voltage lock out sets defined limits for operation so that the device shuts down if the 
input is not sufficient to support correct output. The UC3842 and UC3844 have a switch on 
voltage of 16V and then will remain on whilst the input is above lOV. This large hysteresis is 
desirable for an offline converter application using a mains input. It prevents Vcc 
oscillations when it is powered up, and limits the size of the filter capacitor needed on the 
input. 

However, for lower voltage applications and those using a battery input e.g. automotive, this is 
not necessary and a smaller hysteresis is more desirable. For these applications, the UC3843 
and UC3845 are more suitable. 



7.2 Duty Cycle 



The duty cycle is defined as the fraction of time the output is on compared to the period of 
the oscillator. At start up it is generally desirable to be able to approach 100% so as to ramp up 
the output voltage as quickly as possible. However, in some cases, operating at above 50% 
leads to instability caused by subhannonic oscillations. By limiting the max duty cycle to 50%, 
this is avoided. Hence there is an option for the 100% duty cycle parts UC3842/3 or the 50% 
duty cycle parts UC3844/5. Subhannonic oscillations can also be avoided by imposing a slope 
on the control voltage as shown. The circuit to generate this slope con^nsation is included in 
the device datasheet. 



UC3842/3/4/5 current mode FWM control circuit 



O PWM control circuit with benefits of current ntodle e^troi 

O Undervoltage lockout with hysteresis 

O Low start up current <lniA 

O Operates up to 500kHz 

O Optimised for offline converters 

O Trimmed bandgap reference 



The diagram shows the UC3842 in an offline application. Power is delivered to the output 
using the Flyback configuration. During normal operation, Vcc is maintained by the lower ■ 

auxiliary winding which is rectified and smoothed by D, and C^. At start up. must be 
charged to 16V through R, . It is essential to have a low start up current so that R, can be made 
as large as possible to limit power dissipation across it during normal operation. . • . 



LT1070/71/72 HIGH EFFICIENCY REGULATOR 
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Figure 8 - The LT1070/71/72 High efficiency Switching regulator 



The advantages of using switching regulators with their high efficiency and small size have 
made them increasingly popular. However, they still remain difficult to use and require a 
number of discrete components as well to build a complete design. The LT1070/1/2 integrates 
all the fimcticHis needed for PWM cunent mode control into a single package sod includes widi 
it a high-current, high-efficiency switch. This gives it the ease of use of a linear VregwiA liie 
inherent advantages of efficiency and regulation provided by PWM control. 

The device operates on a wide range of input voltages from 3V to 40V for the standard 
version and from 3V to 60V for the high voltage -HV version. It requires only 6mA quiescent 
operating current yet is capable of delivering up to lOOW to a load without the need for 
external power devices. An extranally gmerated shutdown signal on the V^. pin,can put the 
device into a sleepmode where it (kaws only SO(jA. 



2-17 



There is an on-chip 1.25V reference accurate to 2.5% tolerance. The desired output voltage 
is set in the usual way by feeding back a fraction via a voltage divider to an error amplifier. An 
internal 40kHz oscillator provides di^do^ to ^ve all the internal timing. 



LT1070/1/2 high efficiency switching regulator 

O Wide supply voltage range 3V to 40V 
O Low quiescent supply current 6niA max 

O Internal high current switch (5A LT1070, 2.5A LT1071, 1.2A LT1072) 
O Shutdown mode SO^A supply current 
O Flyback mode for totaUy isolated output 
O Operates in nearly all standard topologies 



8,1 Boost converter 

This application shows the LTI070 in a boost converter. Its high level of integration makes 
the complete circuit much easier to design .The device can operate in this configuration with an 
input as low as 3V , and an output of up to 50V. Rl smdKl are chosen to set the feedback 
voltage to 1.25V, with a current down the chain of 1mA. The choice of inductor is a trade off. 
High values give maximum output power and low ripple but are physically bulky and have 
slower transient response. The lower values have reduced power and higher ripple but respond 
to transients more quickly. They can also lead to instability pano^ksopif Duty cycle is greater 
than 50%. 

One way to choose die value required is to specify die maximum ripple current in the 

inductor AI. 

Remember, for the boost converter 



V^.to^/L = AI 



=>toN = LAI/V^ 8.1.1 

=>topp=LAl/(Vo„^-V,^) 8.1.2 



Hence t^+t^ = LAI V^/(Vg„- V^) V^= 1/f 8.1.3 
So L = V,^(Vo^^-V^)/(AI.f.VouT) 8-1-4 



Choosing a maximum ripple of 0.5A , and using the other values as shown on the diagram , 

L = 5 ( 12 - 5 ) / ( 0.5 . 40 X 10 ^ 12 ) = 146 pH 

The RC netwrak ccmnected to the V^ pin provides loop frequency compensaticm. 
Typically, this circuit operates at up to 90% efficiency. 
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Figure 9 - Resonant mode converters 

9.1 Hi^ frequmcy effecte io FWM amwertas - Noise, Spikes and diai^e dumpii^ 

As has already been shown, the advantages of switching regulators are primarily derived 
from the fact that they can operate at high frequencies allowing the use of smaller, lighter ait& 
cheaper passive components. They also provide a faster response to load transients and 
consequently better regulation of the output voltage. 

However, increasing the frequency of operation also brings undesirable effects . The first 
of these is an increase in electrical noise . Since the switching waveforms of the PWM devices 
are basically "square" (they are discontinuous) , they contain spectral components with 
frequencies much higher than the fundamental that create RF noise. 

A second problem is that of "leakage " spikes. There will always be parasitic inductance in 
the circuit in series with the switching transistor and when the switch turns off, this creates 
rilling in this parasitic inductance . Large voltage spikes are hence created across the switch 
which may damage it but will certainly create more noise and dissipate energy which is than 
lost to the load. Snubber circuits can prevent tifie dangerous overvoltages but they generally do 
so by dissipating the energy themselves. 

Finally , there is a further loss mechanism in the switching transistor itself. When the switch 
is off, charge is stored in the effective parallel capacitance of the imisistor ( either llie Coliec- 
tor-Emitter capacitance for a Bipolar device or the Drain -Source capacitance in a MOSFET) . 
At switch on this charge is "dumped" and the stored energy is lost. This effect occurs on each 
cycle and so is in direct proportion to the switching frequency. 

The root cause of all these problems is the discontinuous waveforms used by the PWM 
converters. The solution lies in using an LC resonant circuit to store the energy pulses and 
deliver them to the load using either a continous current or a continuous voltage wavefonn, so 
avoiding the problems indicated above. 
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9.2 Principle of resonant converters 

The principle of resonant conversion is shown in the diagram, h is assumed that the output 
filter formed by L^^,.^ and C^.^ is sufficiently large that the output current and output voltage 
remain constant. 

In the initial condition, the switch is open and no current flow s in the resonant tank formed 
by and C^. D^^^^ is forward biased and supplies the current I^^j^p into LQ^JJ so that the voltage 
V^,i^ is equal to -0.6V. When the switch is closed at time T„ , there is a constant voltage across 

so that the current in it 1,^ rises linearly until 1^^ = 1^^^ -, at time T^. 

At this time D^^,.^ becomes reverse biased and switches off. continues to supply and 
now also begins to charge C^. When C,, has become charged to V,^, there is no potential across 
the inductor and the current peaks at T,. The inductor current 1^^ then begins to fall but still 
charges the capacitor until it falls to I^^.^ again at T, when the charge stored in the 
capacitor is at a peak. continues to decay back to zero and the capacitor now supplies current 
to the load as it begins to discharge. At time T^ the inductor current falls to zero and the switch 
opens again. Since it both opens and closes with the current at zero , there are no "overlap" 
losses in the switch. 

The cycle is completed as the capacitor is fully discharged until D^^j.^ is forwwd biased 
once more at Tj. 

With each cycle the energy delivered to the load is the same as that delivered to the 
capacitor since it is fully charged and discharged in each cycle. The power delivered is 
therefore proportional to the number of cycles per unit time i.e. the frequency. Hence, control 
is provided by maintaining a constant pulse width for die switch on time, and altering the 
frequency of the total cycle so that the duty cycle is varied. Resonant mode IC's use voltage 
feedback as the input to a Voltage controlled Oscillator (VCO) which then alters the frequency 
a^ordingly to control the outj^t voltage. 

Jn selecting components for the resonant tank there are a few things to note. Clearly the 
resonant frequency needs to be chosen so that a complete cycle occurs within one cycle of the 
oscillator frequency and in determining this value, the additional effects of parasitic inductance 
and capacitance in the circuit should not be neglected. 

Another factor is that the peak current in the resonant tank is larger than the output current. 
To avoid losses in this area, the capacitor should be chosen with a very low equivalent 
series resistance (ESR) 

93 Resonant cony»'sion - The future of Power Supply design? 

The advantages that resonance mode control brings have made it the choice of many people 
for the design technique of the future. Tl is currently developing a resonant mode controller to 
complement and extend its range of switching regulators and to support designers who wish to 
make use of this exciting tedinique and the benefits it provides. 



SYSTEM SUPPLY VOLTAGE SUPERVISION 




Figure 10 - Supply V(rftage Supervision 

We h^ve examined in the first section a number of ways to provide a regulated power 
supply for a system. The methods and devices featured have defined limits of operation and 

include protection features such as UVLO to ensure reliable 

operation. Nevertheless, there are still possibilities of fault conditions, such as variations in the 
supply to the regulator, which cannot be immediately corrected. In these cases, the result is a 
variation in the regulated supply voltage to the system. 

In an analogue system, such variations can cause a degradation of the signal to noise ratio 
and the dynamic range of the system. However, this will occur as an increase in the level of the 
noise floor of the system and its effect can therefore be predicted .With a digital system 
however, the results can be more immediate and dramatic. Since a supply fault can affect any 
of the digital bits equally, it is just as likely that the MSB will be altered as the LSB , resulting 
in a possible change of the output by a factor of 2. 

The majority of digital systems operate from a 5V supply, used by microprocessors and 
supporting logic . These devices have a defined operating window , within which they are 
guaranteed to process data correctly. Incorrect operation can be caused either by undervoUage 
when the supply falls below its defined level, or overvoUage when the supply exceeds its 
defined level. Undervoltage is the more commen problem since the regulator can normally 
cope with an increase in its supply, but when the supply falls, the output from the regulator 
falls with it. It is also good practice to minimise the dropout between the input and output of 
the regulator to minimise power dissipation. A negative-going spike on the input is therefore- ' 
transmitted to the output as an undervoltage condition. 

The job of a supply voltage supervisor (SVS) is therefore to monitor the supply voltage to a 
system, and to ensure the system only operates within a defined supply voltage "window" , by 
applying a reset signal to shut it down when the supply deviates outside this window . A 
secondary function of the SVS is to ensure the system powers up correctly , by applying the 
reset to the system imtil the supply has stabilised. A simple RC network can be used for this 
purpose but it is subject to noise on the supply and therefore does not provide a clean signal. 
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Texas Instruments pioneered the monolithic S VS with the introduction of the TL77()3 A 
family of devices that provide a reset on an undervoltage condition and a clean power up reset . 
In addition , they can be used to provide a controlled reset of defined pulse-width to the system 
to ensure a complete reset. 



SINGLE SUPPLY UNDERVOLTAGE MONITORING 




Figure 11 - Single rail Supply Voltage Supervision - The TL7705B 

The diagram shows a typical application for supply voltage supervision using the new "B" 
version of the TL7705. This device is an improved version of the original family bringing two 
main benefits. 

Firstly, the Reset output is defined active low for V^.^, greater than IV. This ensures the 
power up reset is defined before the digital system starts to power up. There are also 
considerable improvements in the switching speed with the rise and fall time of the reset output 
greatly reduced. Coupled with shorter propagation delays this gives an improved response rate 
to a fault condition . 

The Reset outputs have complementary positive and negative logic outputs for greater 
flexibility in interfacing to a number of different microcontrollers. Some microprocessors have 
I/O ports which not only receive a reset input but also provide a reset output to peripheral 
devices. If the SVS had active totem pole outputs this could create a situation where the SVS 
was trying to output a high level signal and the microprocessor was trying to hold the line low, 
henee creating a short circuit. By having open collector outputs and a pull-up resistor , this 
situation is avoided. The choice of 4.7k£2 is a compromise between the pull-up speed and the 
power dissipation. 

An external timing capacitor is used to programme a delay time. This holds the Reset in 

the low (off) state for a fixed time after the sense input has reached the operating threshold and 
SO ensures that the supply is stable before the reset is released. The delay time T^ is defined 
fiom the following equation 
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Tp= 1.4 X 10' xC^ 



11.1.1 



(for Tp in Seconds and C.^ in Farads) 

A 2.5V reference output is also provided. It is recommended that this is connected to ground 
via an external capacitor (typically O.ljiF) to remove high frequency transients from the 
supply. 

TLTTOSB Single SVS 



O Power on Reset generator 

O Defined outputs at IV Vcc 

O Precision voltage sensor 

O Temperature compensated refer^ce 

O M^tenmlly adjustable pulse duration 



The Resin input allows the user to provide an external reset signal to the system. This is 
"ORed" together with the sense input internally so that the Reset can be generated from either 
input. The Resin input can also be used to provide a watchdog function whereby watchdog 
refresh pulses generated in the microprocessor are integrated by a capacitor to maintain a 
constant voltage . If the pulses are interrupted, the charge on the capacitor decays and the 
voltage falls below the threshold, so generating a reset. (Complete details on how to implement 
the watchdog function are avaikble from TI as an application Mef entitled " Microprocessor 
system fault security) 



MULTIPLE SUPPLY RAIL SYSTEM MONITORING 
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Figure 12 - Multiple rail Supply Voltage Supervision - The TL7770-5 

An increasing requirement of many new systems is the ability to monitor multiple supply 
rails. Typical applications fw tMs include microprocessor systems with associated analogue 
functions. For example, a system might include a 5V microprocessor outputting data via an 
RS-232 interface with transceivers operating at +12V and -12V. Alternatively, the data could 
be passed to a DAC and op amps requiring +/- 15V rails. In each case, it is required to monitor 
multiple supply rails to ensure each part of the system is operating within its defined limits. 

The TL7770-5 family is designed for this purpose. Each member of the family is a dual 
SVS with inputs to monitor botii undervoltage (IVSU and 2VSU ) and ovcrvolt^ (IVSO and 
2VS0) on each of two channels. However, it can be configured to monitor up to four separate 
rails for undervoltage if so required. 



O Power on Reset generator 

O Wide supply voltage range 3.5V to 18V 

O Defined outputs at IV Vcc 

O 250mA SCR drive outputs 

O Precision Overvoltage and Undervolt^ sensors 

O Temperature compensated reference 

O ExtmuUly adjustable pulse dnnrtion 



The diagram shows a typical application monitoring both under and overvoltage on a 5V 
rail, and undervoltage on the +/-15V rails. On each member of the family except the TL7770-2, 
the IVSU input is defined to sense a specified threshold voltage by an internal potential 
divider. For the other sense inputs, this threshold can be programmed by using an external 
divider. For example, at the IVSO input, the divider is set so that the voltage is 2.6V when the 
input on the W^^ rail is 7V. This is the intemal threshold of the VSO inputs. If V^^ gets any 
higher, the I SCR output is turned on. Here it provides the gate drive for an SCR , so that the 
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supply rail is made short circuit to ground. This will blow the protection fuse and shut down 
the system using the "crowbar" technique. 

This application also shows how the VSO inputs can be used to montor undervoltage. A 
resistor network connects the -15 V supply to a 4V reference generated by the TL431A. The use 
of the reference rather than the 5V supply rail eliminates the effects of variations in that supply. 
The values are chosen to set a value of 2.6V at 2VSO when the supply reaches -I3V. If it falls 
further, the value at 2VSO will rise above 2.6V and trigger the 2SCR output. This time, the 
drive is used to turn on a 2N2222 transistor, which in turn pulls the 2 Resin input low . This 
will activate the 2 Reset output. 



DEVELOPMENTS IN POWER SUPPLY 

Switching Regulators Supply Voltage Supervisors 

• High Efficiency • Proce^r Monitoring 

• Large I/O Differential • System Reset Function 

• Large Power/Voiume Ratio • Multiple Rail Systems 
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SECTION 3 
REFERENCE 



This section contains reference information. This application information covers devices and circuits that 
have been presented in previous seminars and are not being covered in this presentation. Additional 
application information on specific devices can be obtained by contacting your local Tex^ Instruments 
sales office or an authorized distribiior. . ■ _ 
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TLC393 FEATURES 



• VERY LOW POWER... 100|iW at 5V 
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HIGH-SPEED 
DATA 
160 kbps 



LPF 
A/D 



TARGET SYSTEMS 



-o- 



MINIMUM ADD-ON HARDWARE TO PC 
HARDWARE FUNCTIONS 

— GENERATE RAW DIGITIZED SPEECH 

— REPLAY LPC-ENCODED SPEECH THROUGH SELECTED TARGET SPEEGM GMIP 
SOFTWARE FUNCTIONS 

— LPC ENCODING 

— EDITING TO PRODUCE BEST QUALITY SPEECH OUTPUT 

— USER FRIENDLY 
MINIMUM COST QEVELOPMS^TTOOL 



ADVANCED LINEAR 




SPEECH 



TSP3477 CVSD VOICE RECORDER 




HOST 
INTERFACE/ 
KEY BOARD 



ADVANCED LINEAR 



CONTINUOUS VARIABLE SLOPE DELTA (CVSD) MODULATOR 
1 6, 32, 64 KBS DATA RATE 
5 VOLT SUPPLY; SI-GATE CMOS 
DIRECT INTERFACE WITH TMS4ie4, TMS4266, 
TMS4C1024 DRAMS 
ON-BOARD DRAM REFRESH COUNTER 
' SIMPLE KEYBOARDANO MICROPROCESSOR INTERFACE 



APPLICATIONS 



' ANSWERING MACHINES 
' FACSIMILES 

' VOICE MESSAGE SYSTEMS 



SOLID STATE RECORDER 

MAINTAINS CHARACTER AND PITCH OF THE SOURCE 
INSTANT RECORD AND PLAYBACK FEATURES 




SP23.589 



SPEECH 

3 POLE CHEBYCHEV FILTER 





TELECOM 



TELECOM 

PRODUCTS 




- COMBO TCM29CXX FAMILY 

- SLCC TCM420X 

- sue CUSTOM (UnBiCMOS) 

- FEATURE COMBO CUSTOM (UnASIC) 




TONE ENCODER TCMS08X FAMILY 
BEU RINGER TCM150X FAMILY 
RING DETECTOR TCM1520 
COMBO 




MODEMS ft TEMMNAi^ 



- DSP COMBO TCM29C18, TCM29C23 
-FSK MODEM TCM3105 

- OCTAL UART TCM78808 




TELECOM 



TCM1520A RING DETECTOR 

functional block diagram 



ADVANCED LINEAR 




TIMERS 



TELEPHONE CONTROLLED NIGHT LIGHT 



PHONE 2.2 kn 

LINE 
-4«V 
TIP 

RINQ o. 




ADVANCED LINEAR 



TELECOM 



COMBINATION CODECS/FILTERS 





CODING 


DEVICE 


LAW 




A&n 


TCM29C14 




TCM29C16 


11 


TCM29C17 


A 


TCM29C18 


)>■ 


TCM29C19 


V- 


TCM29C23 




TP3054/64 


^ 


TP3057/74 


A 


TLC32040 


LINEAR 


TLC32041 


LINEAR 


TLC32044 


LINEAR 


TLC32045 




TLG32070 





DATA 


# of 


RATES (MHz) 


BITS 


1 .544, 1 .536, 2.048 


8 


1.544! 1.536! 2.048 


8 


2.048 


8 


2.048 


8 


2.048 


8 


1.536 


8 


up to 4.096 


8 


1.544,1.536, 2.048 


8 


1.544, 1.536, 2.048 


8 


uptO%S96 


14 


up to 2.S96 


14 


14 


VOICEBAND 




INTERFACE 


14 




8 



COMMENTS 

CO. & PBX LINE CARDS 
8-BIT SIG'NG, CO. LINE CARDS 
16 PIN PACKAGE 
16 PIN PACKAGE 
LOW COST DSP INTERFACE 
LOW COST DSP INTERFACE 
EXTENDED VARIABLE SPEED 
SAMPLE RATES TO 16 KHz 
REPLACES NATIONAL TP3054/64 
REPLACES NATIONAL TP30S7/67 



HIGH PERFORMANCE 

DSP INTERFACES 
SAMPUNG 10 19.2 KHZ 



NOTE: BOTH COMMERCIAL & INDUSTRIAL TEMP. RANGES AVAILABLE. 
— ikDVANCED LINEAR 



ANALOG INTERFACE 
TCM29C18 




tunelloiwl block diagram 




ADVANCED LINEAR 



TELECOM 



9600 BPS HALF-DUPLEX MODEM 



MEMORY 

— z — 



INTERFACE 4 



COMTROLLER 
TMSTOOO 



DSP 
TMS320 



AlO/COMBO 
TCM 29018 



OPTO 
COUPLER 
TIttSI 


4 


RING 
DETECTOR 
TCM1S20A 


4 ' 


DAA/HYBRID 
LM324 







PHONE 
LINiS 



ADVANCED LINEAR 




TELECOM 



TCM29C1S ANALil@ INTERFACE 

FEATURES: 

• LOW POWER CONSUMPTION 

80 mW OPEFtATiNG. 5 mW POWER DOWN. ^-LAW CODING. 

• EXCELLENT POWER SUPPLY REJECTION RATIO OVER 
FREQUENCY RANGE OF TO 50 KHz. 

• SELF CONTAINED SAMPLE HOLD AND AUTO-ZERO. 

• PRECISION INTERNAL REFERENCE 

• CONTAINS A/D, D/A AND ASSOCIATED FILTERS 

• BIT CLOCK FREQUENCY 64 KHz TO ^048 MHz. 

• B-BIT RESOLUTION, 12-BIT DYNAMIC RANGE. 



ADVANCED LINEAR 




TC.03.489 



TELEC(M 



HI@H SPEED MODEM 



CONTROLLER 



■LS245 
•LS30 
'LS04 



ANALOG 
IN- 



INS8250A 







DSP 




C-DSPW= 






DATA 


TMS3Z011 


•LS374 






PAL16L8 







CONTROL BUS 



AA},[VA 



TL084/ 
S35212A 



TLoaz 

SN75477 
LM393 
4N35 



T 
E 

O 
N 
E 



ADVANCED LINEAR 



ANALOG REPEATER APPLICATION 



TRANSMIT 
PATH 








AlC 
OR 
COMBO 








AlC 
OR 
COMBO 






HYBRID 






DSP 






HYBRID 












ANALOG 

■ -our 



RECEIVE 
PATH 



CONTROLLER 



"CLEAN- 
TRANSMIT SIGNAL 



■CLEANED- 
RECEIVE SIGNAL 




"CLEAN- 
TRANSMIT SIGNAL 



-DIRTY- 
RECEIVE SIGNAL 
(RECEIVE SIGNAL S ECHO 
OF TRANSMIT SIGNAL) 



ADVANCED LINEAR 

if 




TC.14ii89 



TYPICAL TCM3105 MOD^ APPLICATION 

HDh 



RECEIVE DATA 
TRANSMIT DATA 

STANDARD AND 
BIT RATE 

CARRIER DETECT 
CLOCK 



OSC1 


OSC2 




TXA 


RXB 






Vpo 


CDL 




TCM3105 


RXD 




TXD 




TXR1 




TRX2 








TRS 


RXA 


CDT 




CLK 


Vss 



ADVANCED LINEAR 




TC.15.Se9 



DSP PERIPHERALS 



HIGH-SPEED yj32 AND MULTI^ANDARD MODEM SYSTEM 

TLC32040 



A/D&D/A 



> + 4 



TMS32025 



RS-232C 

< H 



SERIAL 
I/O 
CONTROL 



ECHO CANCELLER 



TRANSMITTER 



TMS32025 



RECEIVER 4 



A/D 
& 

D/A 



DAA 



TELEPHONE 

N ► 



LINE 



TUC32040 



DSP PERtPHlRALS 



V.22 bis/V.22'BELL 212 MODEM IMPLEMENTATION WITH 
THE COMBO TCM29C13/18 



R 

S 

2 
3 
2 

l/F 



HOSTI/F SERIAL 

8250 UART ' I/O 

^ 

SN74ALS245 

AND 
SN74ALS30 



PCM 
OUT 



PCM 
IN 



CONTROL 



(2400 bps FULL-DUPLEX WITH FALLBACK TO 1200 bps) 



(OPTIONAL) 



ADVANCED LINEAR 



TCM29C13 
CODEC 



S35212A 
BANDPASS 
FILTER 



SN74AS169 



ANALOG 
VO 





TEUICCMil 



T1SP1 080/2180/2190 TRANSIENT SUPPRESSORS 



device schematic 
I A 




voltage / current characteristics 

I 



• 150 A SURGE CURRETfT (8 - 20 MS) 

• HOLDING CURRENT 150 mA MINIMUM 

• PROVEN RELIABILITY— OVER 5 MILLION SOLD IN EUROPE 



ADVANCED LINEAR 



TELECOM 



TCM1 030/60 DUAL TRANSIENT 
VOLTAGE SUPPRESSOR 



•DESIGNED TO MEET OR 
EXCEED LSSGR REQUIREMENTS 

• EXTERNALLY CONTROLLED NEGATIVE -70 V MAX 
FIRING VOLTAGE 

. WIDE. ACCURATELY CONTROLLED 
Vs-S VTO -65 V NEGATIVE FIRING 



= E- 

c [T 



CIBCUIT 



T 
GND 
GND 

3 " 



• SURGE CURRENT 



Ipk 



tr(uS) tf {uS)TCM1030 TCM1060 



10 X 1000 
10 X 160 
2 X 10 



16A 
25A 
35A 



30A 
4CA 
60A 



■ HIGH HOLDING CURRENT 1 00 mA MIN 

• LOW POWER. LOW COST PACK«3ES (P AND D) 




ADVANCED LINEAR 




TELECOM 



TCM1030 TRANSIENT SUPPRESSOR 
TYPICAL APPLICATION 



CONTROL 



SUBSCRIBER 

LINE 
INTERFACE 
CIRCUIT 
SLIC 



CO 

BATTERY 



TCM 
1030 



-O TIP 



-0«NQ 



ADVANCED UNEAR 




TC.09.489 



TELECOM 



GROUND-BACKED RINGING PROTECTION 




-S6V 
100 V RMS 



VbaT = -56V 

+ VpK = 141 V 

VBAT + VpK = 197V 

- VpK = 141 V 

VBftT-VpK = -85V 



ADVANCED LINEAR 




